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0 Musical tone waveform generation apparatus. 




@ A musical tone signal is generated by CPUs 


sound source processing based on the modulation 


(101, 102) upon execution of a sound source pro- 


method, at least one operator processing, and al- 


cessing program, associated with a modulation 


gorithm processing for determining an input/output 


method stored in a memory (116). The generated 


relationship among the operator processing oper- 


musical tone signal is output at predetermined time 


ations are independently executed. 


intervals from D/A converters (107, 108). As for 
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The present invention relates to a sound 
source processing method in a musical tone 
waveform generation apparatus. 

Along with the development of the digital signal 
processing techniques and LSI processing tech- 
niques, various electronic musical instruments hav- 
ing good performance have been realized. In par- 
ticular, the advent of an electronic musical instru- 
ment having a musical tone waveform generation 
apparatus for modulating an input signal generated 
based on performance data, and outputting it as a 
musical tone waveform is contributing to a great 
increase in music population regardless of profes- 
sional and amateur musicians. 

A musical tone waveform generation apparatus 
for an electronic musical instrument must perform 
large-volume, high-speed digital calculations. For 
this reason, a conventional musical tone waveform 
generation apparatus is constituted by a special- 
purpose sound source circuit which realizes an 
architecture equivalent to a musical tone generation 
algorithm based on a sound source method (for 
example, an FM method or a PCM method) by 
hardware components. The sound source method 
is realized by such a sound source circuit. 

The above-mentioned sound source circuit has 
a large circuit scale regardless of the sound source 
method adopted. When the sound source circuit is 
realized by an LSI, it has a scale about twice that 
of a versatile data processing microprocessor be- 
cause of fallowing four reasons. Firstly, the sound 
source circuit requires complicated address control 
for accessing waveform data on the basis of var- 
ious performance data. Secondly, registers or the 
like for temporarily storing intermediate data ob- 
tained in the process of sound source generation 
processing must be arranged in the architecture 
corresponding to the sound source method. Third- 
ly, some modulation methods can variously change 
musical tone generation algorithms, and hardware 
arrangements corresponding to these methods are 
also required. Fourthly, in order to realize a poly- 
phonic arrangement capable of simultaneously 
generating a plurality of musical tones, shift regis- 
ters or the like for time-divisionally executing sound 
source processing in a hardware manner must be 
arranged everywhere. 

As described above, since the conventional 
musical tone waveform generation apparatus is 
constituted by the special-purpose sound source 
circuit corresponding to the sound source method, 
its hardware scale is undesirably increased. This 
results in an increase in manufacturing cost in 
terms of, e.g.. a yield in the manufacture of LSI 
chips, when the sound source circuit is realized by 
an LSI. This also results in an increase in size of 
the musical tone waveform generation apparatus. 

When a sound source method is to be 



changed, or when the number of polyphonic chan- 
nels is to be increased, the sound source circuit 
must be considerably modified, resulting in an in- 
crease in development cost. 

6 When the conventional musical tone waveform 

generation apparatus is used as an electronic musi- 
cal instrument, a control circuit, comprising, e.g., a 
microprocessor, for generating, based on perfor- 
mance data corresponding to a performance opera- 

10 tion, data which can be processed by the sound 
source circuit, and for communicating performance 
data with another musical instrument, is required. 
The control circuit requires a sound source control 
program, corresponding to the sound source cir- 

75 cuit, for supplying data corresponding to perfor- 
mance data to the sound source circuit as well as 
to a performance data processing program for pro- 
cessing performance data. In addition, these two 
, programs must be synchronously operated. The 

20 development of such complicated programs -causes 
a considerable increase in cost. 

On the other hand, in recent years, high-perfor- 
mance microprocessors for performing versatile 
data processing have been developed, and a musi- 

25 cal tone waveform generation apparatus for execut- 
ing sound source processing in a software manner 
using such a microprocessor can be considered. 
However, no technique for synchronously operating 
a performance data processing program for pro- 

30 cessing performance data, and a sound source 
processing program for executing sound source 
processing on the basis of the performance data is 
available. In particular, since a processing time in 
the sound source processing program varies de- 

35 pending on the sound source method, a com- 
plicated timing control program for outputting gen- 
erated musical tone data to a D/A converter is 
required. When the sound source processing is 
merely performed in a software manner, the pro- 

40 cessing programs are complicated very much, and 
processing of the high-speed sound source method 
such as a modulation method cannot be executed 
in terms of a processing speed and a program 
capacity. In particular, as described above, some 

45 modulation methods can variously change musical 
tone generation algorithms. If a microprocessor in- 
dividually has sound source processing programs 
corresponding to such algorithms, this causes a 
demerit in terms of a program capacity, resulting in 

50 an expensive, large musical tone generation ap- 
paratus. 

It is an object of the present invention to realize 
sound source processing based on a modulation 
method under the program control of a micropro- 
55 cesser without requiring a special-purpose sound 
source circuit. 

It is another object of the present invention to 
realize sound source processing based on a modu- 
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lation method, which can be operated in various 
musical tone generation algorithms under the pro- 
gram control of a microprocessor without requiring 
a special-purpose sound source circuit. 

According to the first aspect of the present 
invention, there is provided a musical tone wave 
form generation apparatus comprising: storage 
means for storing a sound source processing pro- 
gram based on a predetermined modulation meth- 
od; musical tone signal generation means for gen- 
erating a musical tone signal on the basis of a 
process of the modulation method by executing the 
sound source processing program stored in the 
storage means; and musical tone signal output 
means for outputting the musical tone signal gen- 
erated by the musical tone signal generation 
means at predetermined time intervals. 

According to the musical tone waveform gen- 
eration apparatus of the first aspect of the present 
invention, high-level sound source processing 
based on a modulation method can be realized 
without using a special-purpose sound source cir- 
cuit, and since a constant output rate of a musical 
tone signal can be maintained upon operation of 
the musical tone signal output means, a musical 
tone waveform free from a distortion can be ob- 
tained. 

According to the second aspect of the present 
invention, there Is provided a musical tone 
waveform generation apparatus comprising: pro- 
gram storage means for storing a performance data 
processing program for processing performance 
data, and a sound source processing program, 
based on a modulation method, for obtaining a 
musical tone signal; address control means for 
controlling an address of the program storage 
means; data storage means for storing musical 
tone generation data necessary for generating a 
musical tone signal based on the modulation meth- 
od; arithmetic processing means for performing 
arithmetic processing; program execution means 
for executing the performance data processing pro- 
gram and the sound source processing program 
stored in the program storage means while control- 
ling the address control means, the data storage 
means, and the arithmetic ^processing means, the 
program execution means normally executing the 
performance data processing program to control 
musical tone generation data on the data storage 
means, executing the sound source processing 
program at predetermined time intervals, executing 
the performance data processing program again 
upon completion of the sound source processing 
program, and generating a musical tone signal by 
the modulation method on the basis of the musical 
tone generation data on the data storage means 
upon execution of the sound source processing 
program; and musical tone signal output means for 



holding the musical tone signal obtained when the 
program execution means executes the sound 
source processing program, and outputting the 
held musical tone signal at predetermined output 

5 time intervals. 

According to the musical tone waveform gen- 
eration apparatus of the second aspect of the 
present invention, the program storage means, the 
address control means, the data storage means, 

10 the arithmetic processing means, and the program 
execution means have the same arrangement as a 
versatile microprocessor, and no special-purpose 
sound source circuit is required at all. The musical 
tone signal output means is versatile in the cate- 

15 gory of a musical tone waveform generation ap- 
paratus although it has an arrangement different 
from that of a versatile microprocessor. 

The circuit scale of the overall musical tone 
waveform generation apparatus can be greatly re- 

20 duced, and when the apparatus is realized by an 
LSI, the same manufacturing technique as that of a 
normal processor can be adopted. Since the yield 
of chips can be increased, manufacturing cost can 
be greatly reduced. Since the musical tone signal 

25 output means can be constituted by simple latch 
circuits, addition of this circuit portion causes al- 
most no increase in manufacturing cost. 

When a modulation method is required to be 
switched between, e.g., a phase modulation meth- 

30 od and a frequency modulation method, or when 
the number of polyphonic channels is required to 
be changed, a sound source processing program 
stored in the program storage means need only be 
changed to meet the above requirements. There- 

35 fore, the development cost of a new musical tone 
waveform generation apparatus can be greatly re- 
duced, and a new modulation method can be pre- 
sented to a user by means of, e.g., a ROM card. 
The above-mentioned effects can be provided 

40 since the second aspect of the present invention 
can realize the following program and data ar- 
chitectures. 

More specifically, the second aspect of the 
present invention uses the data architecture for 

45 storing musical tone generation data necessary for 
generating musical tones in a modulation method 
on the data storage means. When a performance 
data processing program is executed, the musical 
tone generation data on the data storage means 

50 are controlled, and when a sound source process- 
ing program is executed, musical tone signals are 
generated on the basis of the musical tone genera- 
tion data on the data storage means. A data com- 
munication between the performance data process- 

55 ing program and the sound source processing pro- 
gram is performed via musical tone generation data 
on the data storage means, and access of one 
program to the data storage means can be per- 
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formed regardless of an execution state of the 
other program. Therefore, the two programs can 
have substantially independent . module arrange- 
ments, and hence, a simple and efficient program 
architecture can be attained. 

In addition to the data architecture, the second 
aspect of the present invention uses the following 
program architecture. That is, the performance data 
processing program is normally executed for scan- 
ning of keyboard keys and various setting switches, 
demonstration performance control, and the like. 
During execution of this program, the sound source 
processing program is executed at predetermined 
time intervals, and upon completion of the process- 
ing, the control returns to the performance data 
processing program, thus, the sound source pro- 
cessing program forcibly interrupts the perfor- 
mance data processing program on the basis of an 
interrupt signal generated from the interrupt control 
means at predetermined time intervals. For this 
reason, the performance data processing program 
and the sound source processing program need 
not be synchronized. 

When the program execution means executes 
the sound source processing program, its process- 
ing time changes depending on the type of modu- 
lation method or a selected musical tone genera- 
tion algorithm in the modulation method. However, 
the change in processing time can be absorbed by 
the musical tone signal output means. Therefore, 
no complicated timing control program for output- 
ting musical tone signals to, e.g., a D/A converter is 
required. 

As described above, the data architecture for 
attaining a data link between the performance data 
processing program and the sound source pro- 
cessing program via musical tone generation data 
on the data storage means, and the program ar- 
chitecture for executing the sound source process- 
ing program at predetermined time intervals while 
interrupting the performance data processing pro- 
gram are realized, and the musical tone signal 
output means is arranged. Therefore, sound source 
processing under the efficient program control can 
be realized by substantially the same arrangement 
as a versatile processor. 

According to the third aspect of the present 
invention, there is provided a musical tone 
waveform generation apparatus comprising: storage 
means for storing a sound source processing pro- 
gram associated with a modulation method, having 
an operator processing program for executing op- 
erator processings, and an algorithm processing 
program for executing algorithm processing for de- 
termining an input/output relationship among oper- 
ator processing; musical tone signal generation 
means for generating a musical tone signal by 
executing the operator processing operations 



based on the operator processing program at a 
time, and executing the algorithm processing at a 
time based on the algorithm processing program 
independently of the operator processing program; 

5 and musical tone signal output means for output- 
ting the musical tone signal generated by the musi- 
cal tone signal generation means at predetermined 
output time intervals. 

According to the musical tone waveform gen- 
re oration apparatus of the third aspect of the present 
invention, high-level sound source processing 
which can be operated in various musical tone 
generation algorithms can be realized without using 
a special-pourpose sound source circuit, and a 

75 constant output rate of a musical tone signal can 
be maintained upon operation of the musical tone 
signal output means. Therefore, a musical tone 
waveform free from a distortion can be obtained. 
According to the fourth aspect of the present 

20 invention, there is provided a musical tone 
waveform generation apparatus comprising: pro- 
gram storage means for storing a performance data 
processing program for processing perfoi-mance 
data, and a sound source processing program 

25 based on a modulation method for obtaining a 
musical tone signal, the sound source processing 
program having a processing architecture in which 
algorithm processing operations for determining an 
input/output relationship among a plurality of oper- 

30 ator processing operations are executed at a time 
after or before execution of the plurality of operator 
processing operations at a time as modulation pro- 
cessing units; address control means for controlling 
an address of the program storage means; data 

35 storage means for storing musical tone generation 
data necessary for generating a musical tone signal 
based on the modulation method; arithmetic pro- 
cessing means for processing data; program ex- 
ecution means for executing the performance data 

40 processing program and the sound source pro- 
cessing program stored in the program storage 
means while controlling the address control means, 
the data storage means, and the arithmetic pro- 
cessing means, for normally executing the perfor- 

45 mance data processing program to control musical 
tone generation data on the data storage means, 
for executing the sound source processing program 
at predetermined time intervals, for executing the 
performance data processing program again upon 

50 completion of the sound source processing pro- 
gram, and for generating a musical tone signal by 
the modulation method on the basis of the musical 
tone generation data on the data storage means 
upon execution of the sound source processing 

55 program; and musical tone signal output means for 
holding the musical tone signal obtained when the 
program execution means executes the sound 
source processing program, and outputting the 
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held musical tone signal at predetermined output 
time intervals. 

The musical tone waveform generation appara- 
tus according to the fourth aspect of the present 
invention has, as an architecture of the sound 
source processing program, a processing architec- 
ture for simultaneously execting algorithm process- 
ing operations for determining the I/O (input/output) 
relationship of operator processing operations be- 
fore or after simultaneous execution of the operator 
processing operations as modulation processing 
units. Since a conventional apparatus has a pro- 
cessing architecture in that the I/O relationship of 
the next operator is determined by a designated 
algorithm upon completion of one operator pro- 
cessing, a plurality of types of sound source pro- 
cessing programs including operator processing 
portions must be prepared in units of algorithms. In 
contrast to this, in the musical tone waveform gen- 
eration apparatus according to the fourth aspect of 
the present invention, a plurality of types of only 
algorithm processing portions are prepared, and 
are switched as needed even when sound source 
processing is to be performed by an algorithm 
selected from a plurality of algorithms. Therefore, 
the sound source processing program can be ren- 
dered very compact. 

This invention can be more fully understood 
from the following detailed description when taken 
in conjunction with the accompanying drawings, in 
which: 

Fig. 1 is a block diagram showing the overall 
arrangement according to an embodiment of the 
present Invention; 

Fig. 2 Is a block diagram showing an internal of 
a master CPU; 

Fig. 3 is a block diagram showing an internal 
arrangement of a slave CPU; 
Figs. 4A to 4D are flow charts showing oper- 
ations of the overall arrangement of this embodi- 
ment; 

Fig. 5 is a schematic view showing the relation- 
ship among the main operation flow charts and 
interrupt pro 

cessing; Fig. 6A is a diagram of a conventional 
D/A converter unit; 

Fig. 6B is a diagram of a D/A converter unit 

according to this embodiment; 

Fig. 7 is a timing chart in D/A conversion; 

Fig. 8A illustrates an arrangement of a function 

key and a keyboard key; 

Fig. 8B is an explanatory view of keyboard keys; 

Fig. 9 shows storage areas in units of tone 

generation channels on a RAM; 

Fig. 10 is a schematic diagram upon selection of 

a sound source processing method of each tone 

generation channel; 

Fig. 1 1 shows an architecture of data formats in 



units of sound source methods on the RAM; 
Fig. 12 shows buffer areas on the RAM; 
Fig. 13 is an operation flow chart of sound 
source processing based on a PCM method; 

5 Fig. 14 is an operation flow chart of sound 
source processing based on a DPCM method; 
Figs. 15A and 15B are graphs for explaining the 
principle when an Interpolation value Xq is ob- 
tained using a difference D and the present 

70 address Ap; 

Fig. 16A is an operation flow chart of sound 
source processing based on an FM method 
(Parti); 

Fig. 168 Is an operation flow chart of the sound 
76 processing based on the FM method (Part 1); 

Fig. 17A is an operation flow chart of sound 
source processing based on a TM method (Part 

1) : 

Fig. 178 Is a chart showing an algorithm of the 
20 source processing based on the TM method 
(Parti); 

Figs. 18A to 18D are charts showing algorithms 
in a modulation method; 

Fig. 19 Is an operation flow chart of sound 
25 source processing based on an FM method 
(Part 2); • 

Fig. 20 is an operation flow chart of sound 
source processing based on a TM method (Part 

2) : 

30 Fig. 21 Is an operation flow chart of a first 
modification of the modulation method; 
Fig. 22A Is an operation flow chart of operator 1 
processing based on the FM method according 
to the first modification; 

35 Fig. 228 is a chart showing an arithmetic al- 
gorithm per operator in the operator 1 process- 
ing based on the FM method according to the 
first modification; 

Fig. 23A is an operation flow chart of operator 1 
40 processing based on the TM method according 
to the first modification; 

Fig. 238 is a chart showing an arithmetic al- 
gorithm per operator in the operator 1 process- 
ing based on the TM method according to the 

45 first modification; 

Fig. 24 is an operation flow chart of algorithm 
processing according to the first modification; 
Fig. 25 is an operation flow chart of a second 
modification of the modulation method; 

50 Fig. 26 is an operation flow chart of algorithm 
processing according to the second modifica- 
tion; 

Fig. 27 shows an arrangement of some function 
keys; 

55 Figs. 28A and 288 show examples of assign- 
ments of sound source methods to tone genera- 
tion channels; 

Fig. 29 is an operation flow chart of function key 
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processing; . 

Fig. 30 is an operation flow chart of the first 
embodiment of ON event keyboard key pro- 
cessing; 

Fig. 31 is an operation flow chart of the second 
embodiment of ON event keyboard key pro- 
cessing; and 

Fig. 32 is an operation flow chart of an embodi- 
ment .of OFF event keyboard key processing. 

Summary of Embodiment 



The summary of this embodiment will be de- 
scribed below. 

Fig. 1 is a block diagram showing the overall 
arrangement of this embodiment. In Fig. 1, compo- 
nents other than an external memory 116 are con- 
stituted In one chip. Of these components, two, i.e., 
master and slave CPUs (central processing units) 
exchange data to share sound source processing 
for generating musical tones. 

In, e.g., a 16-channel polyphonic system, 8 
channels are processed by a master CPU 101, and 
the remaining 8 channels are processed by a slave 
CPU 102. 

The sound source processing is executed in a 
software manner, and sound source methods such 
as PCM (Pulse Code Moduration) and DPCM 
(Differential PCM) methods, and sound source 
methods based on modulation methods such as 
FM and phase modulation methods are assigned in 
units of tone generation channels. 

A sound source method is automatically des- 
ignated for tone colors of specific instruments, e.g., 
a trumpet, a tuba, and the like. For tone colors of 
other instruments, a sound source method can be 
selected by a selection switch, and/or can be auto- 
matically selected in accordance with a perfor- 
mance tone range, a performance strength such as 
a key touch, and the like. 

In addition, different sound source methods 
can be assigned to two channels for one ON event 
of a key. That is, for example, the PCM method 
can be assigned to an attack portion, and the FM 
method can be assigned to a sustain portion. 

Furthermore, in, e.g., the FM method, when 
software processing is executed by a versatile CPU 
according to a sound source processing algorithm, 
it requires too much time. However, this embodi- 
ment can also solve this problem. 

Arrangement of This Embodiment . 

The embodiment of the present invention will 
be described below with reference to the accom- 
panying drawings. 

In Fig. 1, the externa! memory 116 stores 
musical tone control parameters such as target 



values of envelope values, a musical tone 
waveform in the PCM (pulse code modulation) 
method, a musical tone differential waveform in the 
DPCM (differential PCM) method, and the like. 

5 The master CPU (to be abbreviated to as an 

MCPU hereinafter) 101 and the slave CPU (to be 
abbreviated to as an SCPU hereinafter) 102 access 
the data on the external memory 116 to execute 
sound source processing while sharing processing 

10 operations. Since these CPUs 101 and 102 com- 
monly use waveform data of the external memory 
116, a contention may occur when data is loaded 
from the external memory 116. In order to prevent 
this contention, the MCPU 101 and the SCPU 102 

75 output an address signal for accessing the external 
memory, and external memory control data from 
output terminals 111 and 112 of an access address 
contention prevention circuit 105 via an external 
memory access address latch unit 103 for the 

20 MCPU, and an external memory access address 
latch unit 104 for the SCPU. Thus, a contention 
between addresses from the MCPU 101 and the 
SCPU 102 can be prevented. 

Data read out from the external memory 116 

25 on the basis of the designated address is input 
from an external memory data input terminal 115 to 
an external memory selector 106. The external 
memory selector 106 separates the readout data 
into data to be input to the MCPU 101 via a data 

30 bus MD and data to be input to the SCPU 102 via 
a data bus SD on the basis of a control signal from 
the address contention prevention circuit 105, and 
inputs the separated data to the MCPU 101 and the 
SCPU 102. Thus, a contention between readout 

35 data can also be prevented. 

After the MCPU 101 and the SCPU 102 per- 
form corresponding sound source processing oper- 
ations of the input data by software, musical tone 
data of all the tone generation channels are accu- 
se mulated. and a left-channel analog output and a 
right-channel analog output are then output from a 
left output terminal 113 of a left D/A converter unit 
107 and a right output terminal 114 of a right D/A 
converter unit 108, respectively. 

45 Fig. 2 is a block diagram showing an internal 
arrangement of the MCPU 101. 

In Fig. 2, a control ROM 201 stores a musical 
tone control program (to be described later), and 
sequentially outputs program words (commands) 

50 addressed by a ROM address controller 205 via a 
ROM address decoder 202. This embodiment em- 
ploys a next address method. More specifically, the 
word length of each program word is, e.g., 28 bits, 
and a portion of a program word is input to the 

65 ROM address controller 205 as a lower bit portion 
(Intra-page address) of an address to be read out 
next. Note that the SCPU 101 may comprise a 
conventional program counter type CPU insted of 
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control ROM 201. 

A command analyzer 207 analyzes operation 
codes of commands output from the control ROM 
201, and sends control signals to the respective 
units of the circuit so as to execute designated 
operations. 

When an operand of a command from the 
control ROM 201 designates a register, the RAM 
address controller 204 designates an address of a 
corresponding Internal register of a RAM 206. The 
RAM 206 stores various musical tone control data 
(to be described later with reference to Figs, 11 
and 12) for eight tone generation channels, and 
Includes various buffers (to be described later) or 
the like. The RAM 206 is used in sound source 
processing (to be described later). 

When a command from the control ROM 201 is 
an arithmetic command, an ALU unit 208 and a 
multiplier 209 respectively execute an 
addition/subtraction, and a multiplication on the ba- 
sis of an Instruction from the command analyzer 
207. 

On the basis of an internal hardware timer (not 
shown), an interrupt controller 203 supplies a reset 
cancel signal A to the SCPU 201 (Fig, 1) and an 
Interrupt signaFto the D/A converter units 107 and 
108 (Fig. 1) at predetermined time intervals. 

In addition to the above-mentioned arrange- 
ment, the MCPU 101 shown in Fig. 2 comprises 
the following interfaces associated with various 
buses: an Interface 215 for an address bus MA for 
addressing the external memory 116 to access it; 
an interface 216 for the data bus MD for exchang- 
ing the accessed data with the MCPU 101 via the 
external memory selector 106; an interface 212 for 
a bus Ma for addressing the internal RAM of the 
SCPU 102 so as to execute data exchange with the 
SCPU 102; an interface 213 for a data bus Dqut 
used by the MCPU 101 to write data in the SCPU 
102; an interface 214 for a data bus D|n used by 
the MCPU 101 to read data from the SCPU 102; an 
interface 217 for a D/A data transfer bus for trans- 
ferring final output waveforms to the left and right 
D/A converter units 107 and 108; and input and 
output ports 210 and 211 for exchanging data with 
an external switch unit or a keyboard unit (Fig. 8). 

Fig. 3 shows the Internal arrangement of the 
SCPU 102. 

Since the SCPU 102 executes sound source 
processing upon reception of a processing start 
signal from the MCPU 101, it does not comprise an 
Interrupt controller corresponding to the controller 
203 (Fig. 2), I/O ports, corresponding to the ports 
210 and 211 (Fig. 2), for exchanging data with an 
external circuit, and an interface, corresponding to 
the interface 217 (Fig. 2) for outputting musical 
tone signals to the left and right D/A converter units 
107 and 108. Other circuits 301, 302, and 304 to 



309 have the same functions as those of the cir- 
cuits 201, 202, and 204 to 209 shown in Fig. 2. 
Interfaces 303, and 310 to 313 are arranged in 
correspondence with the interface 212 to 216 
5 shown in Fig. 2, Note that the Internal RAM ad- 
dress of the SCPU 102 designated by the MCPU 
101 is input to the RAM address controller 304. 
The RAM address controller 304 designates an 
address of the RAM 306. Thus, accumulated 
10 waveform data for eight tone generation channels 
generated by the SCPU 102 and held in the RAM 
306 are output to the MCPU 101 via the data bus 
D|N. This will be described later. 

In addition to the above-mentioned arrange- 
rs ment, in this embodiment, function keys 801. key- 
board keys 802, and the like shown in Fig. 8 are 
connected to the input port 210 of the MCPU 101. 
These portions substantially constitute an instru- 
ment operation unit. 
20 The D/A converter unit as one characteristic 
feature of the present invention will be described 
below. 

Fig. 6B shows the internal arrangement of the 
left or right D/A converter unit 107 or 108 (the two 

25 converter units have the same contents) shown in 
Fig. 1. One sample data of a musical tone gen- 
erated by sound source processing is input to a 
latch 601 via a data bus. When the clock input 
terminal of the latch 601 receives a sound source 

30 processing end signal from the command analyzer 
207 (Fig. 2) of the MCPU 101, musical tone data 
for one sample on the data bus is latched by the 
latch 601 , as shown in Fig. 7. 

A time required for the sound source process- 

35 ing changes depending on the sound source pro- 
cessing software program. For this reason, a timing 
at which each sound source processing is ended, 
and musical tone data is latched by the latch 601 is 
not fixed. For this reason, as shown in Fig. 6A, an 

40 output from the latch 601 cannot be directly input 
to a D/A converter 603. 

In this embodiment, as shown in Fig. 6B, the 
output from the latch 601 is latched by a latch 602 
In response to an interrupt signal equal to a sam- 

45 pling clock interval output from the interrupt con- 
troller 203, and is output to the D/A converter 603 
at predetermined time intervals. 

Since a change in processing time can be 
absorbed using the two latches 601 and 602, no 

50 complicated control program for outputting musical 
tone data to a D/A converter 603 is required. 

Overall Operation of This Embodiment 

55 The overall operation of this embodiment will 
be described below. 

In this embodiment, basically, the MCPU 101 is 
mainly operated, and repetitively executes a series 
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of processing operations in steps S402 to S410, as 
shown in the main flow chart of Fig. 4A. The sound 
source processing is performed by interrupt pro- 
cessing. More specifically, the MCPU 101 and the 
SCPU 102 are interrupted at predetermined time 
intervals, and each CPU executes sound source 
processing for generating musical tones for eight 
channels. Upon completion of this processing, 
musical tone waveforms for 16 channels are added, 
and are output from the left and right D/A converter 
units 107 and 108. Thereafter, the control returns 
from the interrupt state to the main flow. Note that 
the above-mentioned interrupt processing is pe- 
riodically executed on the basis of the internal 
hardware timer in the Interrupt controller 203 (Fig. 
2), This period is equal to a sampling period when 
a musical tone is output. 

The schematic operation of this embodiment 
has been described. The operation of this embodi- 
ment will be described in detail below with refer- 
ence to Figs. 4A to 4D. 

When the interrupt controller 203 Interrupts re- 
petitively executed processing operations in steps 
S402 to S410 in the main flow chart of Fig. 4A, 
MCPU interrupt processing shown in Fig. 4B and 
SCPU interrupt processing shown in Fig. 4C are 
simultaneously started. "Sound source processing" 
in Figs. 4B and 4C is shown in Fig. 4D. 

The main flow chart of Fig. 4A shows, a pro- 
cessing flow executed by the MCPU 101 in a state 
wherein no interrupt signal is supplied from the 
interrupt controller 203. 

When the power switch is turned on, the sys- 
tem e.g., the contents of the RAM 206 in the 
MCPU 101 are initialized (S401). 

The function keys externally connected to the 
MCPU 101, e.g., tone color switches, and the like 
(Fig. 27), are scanned (S402) to fetch respective 
switch states from the input port 210 to a key 
buffer area in the RAM 206. As a result of scan- 
ning, a function key whose state is changed is 
discriminated, and processing of a corresponding 
function is executed (S403). For example, a musi- 
cal tone number or an envelope number is set, or if 
optional functions include a rhythm performance 
function, a rhythm number is set. 

Thereafter, states of ON keyboard keys are 
fetched in the same manner as the function keys 
(S404), and keys whose states are changed are 
discriminated, thus executing key assignment pro- 
cessing (S405). 

When a demonstration performance key of the 
function keys 801 (Fig. 8) is depressed, demonstra- 
tion performance data (sequencer data) are se- 
quentially read out from the external memory 116 
to execute, e.g., key assignment processing 
(S406). When a rhythm start key is depressed, 
rhythm data are sequentially read out from the 



external memory 116 to execute, e.g., key assign- 
ment processing (S407). 

Thereafter, timer processing is executed 
(S408). More specifically, time data which is incre- 

5 mented by interrupt timer processing (S412) (to be 
described later) is compared with time control se- 
quencer data sequentially read out for demonstra- 
tion performance control or time control rhythm 
data read out for rhythm performance control. 

10 thereby executing time control when a demonstra- 
tion performance in step S406 or a rhythm perfor- 
mance in step S407 is performed. 

In tone generation processing in step S409, 
pitch envelope processing, and the like are ex- 

75 ecuted. In this processing, an envelope is added to 
a pitch of a musical tone to be generated, and 
pitch data is set in a corresponding tone generation 
channel. 

Furthermore, one flow cycle preparation pro- 

20 cessing is executed (8410). In this processing, 
processing for changing a state of a tone genera- 
tion channel assigned with a note number cor- 
responding to an ON event detected in the key- 
board key processing in step S405 to an "ON 

25 event" state, and processing for changing a state 
of a tone generation channel assigned with a note 
number corresponding to an OFF event to a 
"muting" state, and the like are executed. 

The MCPU interrupt processing shown in Fig. 

30 4B will be described below. 

When the interrupt controller 203 of the MCPU 
101 interrupts the MCPU 101, the processing in the 
main flow chart shown in Fig. 4A is interrupted, and 
the MCPU interrupt processing in Fig. 48 is start- 

35 ed. In this case, control is made to avoid contents 
of registers to be subjected to write access in the 
main flow program in Fig. 4A from being rewritten 
in the MCPU interrupt processing program. For this 
reason, the MCPU interrupt processing uses regis- 

40 ters different from those used in the main flow 
program. As a result, register save/restoration pro- 
cessing normally executed at the beginning and 
end of interrupt processing can be omitted. Thus, 
transition between the processing of the main flow 

45 chart shown in Fig. 4A and the MCPU interrupt 
processing can be quickly performed. 

Subsequently, in the MCPU interrupt process- 
ing, sound source processing is started (S411). 
The sound source processing is shown in Fig. 4D. 

50 Simultaneously with the above-mentioned oper- 
ations, the interrupt controller 203 of the MCPU 
101 outputs the SCPU reset cancel signal A (Fig. 
1) to the ROM address controller 305 of the~SCPU 
102, and the SCPU 102 starts execution of the 

55 SCPU interrupt processing (Fig. 4C). 

Sound source processing (S415) is started in 
the SCPU interrupt processing almost simulta- 
neously with the source processing (S411) in the 
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MCPU interrupt processing. In this manner, since 
each of the IVICPU 101 and the SCPU 102 simulta- 
neously executes sound source processing of eight 
tone generation channels, the sound source pro- 
cessing for 16 tone generation channels can be 
executed in a processing time for eight tone gen- 
eration channels, and a processing speed can be 
almost doubled (the interrupt processing will be 
described later with reference to Fig. 5). 

in the interrupt timer processing in step S412, 
the value of time data (not shown) on the RAM 206 
(Fig. 2) Is incremented by utilizing the fact that the 
interrupt processing shown in Fig. 4B is executed 
for every predetermined sampling period. More 
specifically, a time elapsed from power-on can be 
detected based on the value of the time data. The 
time data obtained in this manner is used in time 
control in the timer processing in step S408 in the 
main flow chart shown in Fig. 4A. 

The MCPU 101 then waits for an SCPU Inter- 
rup processing end signal B from the SCUP 102 
after interrupt timer processing In step S412 
(S413). 

Upon completion of the sound source process- 
ing In step S415 In Fig. 4C, the command analyzer 
307 of the SCPU 102 supplies an SCPU process- 
ing end signal B (Fig. 1) to the ROM address 
controller 205 of~the MCPU 101. In this manner, 
YES is determined in step S413 in the MCPU 
interrupt processing in Fig. 4B, 

As a result, waveform data generated by the 
SCPU 102 are written in the RAM 206 of the 
MCPU 101 via the data bus Din shown In Fig. 1 
{S414). The waveform data are stored in a pre- 
determined buffer area (a buffer B to be described 
later) on the RAM 306 of the "SCPU 102. The 
command analyzer 207 of the MCPU 101 des- 
ignates addresses of the buffer area to the RAM 
address controller 304, thus reading the waveform 
data. 

In step S414', the contents of the buffer area B 
are latched by the latches 601 (Fig. 6) of the left 
and right D/A converter units 107 and 108. 

The operation of the sound source processing 
executed in step S411 in the MCPU interrupt pro- 
cessing or in step S415 in the SCPU Interrupt 
processing will be described below with reference 
to the flow chart of Fig. 4D. 

A waveform addition area on the RAM 206 or 
306 is cleared {S416). Then, sound source pro- 
cessing is executed In units of tone generation 
channels (S417 to S424). After the sound source 
processing for the eighth channel Is completed, 
waveform data obtained by adding those for eight 
channels Is obtained In the buffer area B. These 
processing operations will be described In detail 
later. 

Fig. 5 is a schematic flow chart showing the 



relationship among the processing operations of 
the flow charts shown in Figs. 4A, 4B, and 4C. As 
can be seen from Fig. 5, the MCPU 101 and the 
SCPU 102 share the sound source processing. 

5 Given processing A (the same applies to B, 
C F) is executed (S501). This "processing" cor- 
responds to. for example, "function key process- 
ing", or "keyboard key processing" in the main 
flow chart shown In Fig. 4A. Thereafter, the MCPU 

10 interrupt processing and the SCPU interrupt pro- 
cessing are executed, so that the MCPU 101 and 
the SCPU 102 simultaneously start sound source 
processing (S502 and S503). Upon completion of 
the SCPU interrupt processing of the SCPU 102, 

75 the SCPU processing end signal B Is input to the 
MCPU 101. In the MCPU interrupfprocessing, the 
sound source processing is ended earlier than the 
SCPU Interrupt processing, and the MCPU waits 
for the end of the SCPU Interrupt processing the 

20 SCPU processing end signal B Is discriminated In 
the MCPU interrupt processing, waveform data 
generated by the SCPU 102 is supplied to the 
MCPU 101, and is added to the waveform data 
generated by the MCPU 101. The waveform data is 

25 then output to the left and right D/A converter units 
107 and 108. Thereafter, the control returns to 
some processing B In the main flow chart. 

The above-mentioned operations are repeated 
(S504 to S516) while executing the sound source 

30 processing for all the tone generation channels (16 
channels as a total of those of the MCPU 101 and 
the SCPU 102). The repetition processing contin- 
ues as long as musical tones are being produced. 

35 Data Architecture In Sound Source Processing 



The sound source processing executed in step 
S411 (Fig. 4B) and step S415 (Fig. 4C) will be 
described in detail below. 

40 In this embodiment, as described above, the 
two CPUs, I.e., the MCPU 101 and the SCPU 102 
share the sound source processing in units of eight 
channels. Data for the sound source processing for 
eight channels are set in areas corresponding to 

45 the respective tone generation channels In the 
RAMs 206 and 306 of the MCPU 101 and the 
SCPU 102, as shown in Fig. 9. 

Buffers BF, BT. B, and M are allocated on the 
RAM, as shown in Fig. 12. 

50 In each tone generation channel area shown In 
Fig. 9, an arbitrary sound source method can be 
set by an operation (to be described in detail later), 
as schematically shown in Fig. 10. When the sound 
source method is set, data are set in each tone 

55 generation channel area in Fig. 9 in a data format 
of the corresponding sound source method, as 
shown In Fig. 11. In this embodiment, as will be 
described later, different sound methods can be 
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assigned to the tone generation channels. 

In Table 1 showing the data formats of the 
respective sound source methods shown in Fig. 11. 
G indicates a sound source method number for 
identifying the sound source methods. A represents 
an address designated when waveformljata is read 
out in the sound source processing, and At, Ai, and 
A2 represent integral parts of current addresses, 
and directly correspond to addresses of the exter- 
nal memory 116 (Fig. 1) where waveform data are 
stored. Ap represents a decimal part of the current 
address, and is used for interpolating waveform 
data read out from the external memory 116. 

Ae and Al respectively represent end and loop 
addresses. P|. Pi and P2 represent integral parts of 
pitch data, and Pp represents a decimal part of 
pitch data. For example, P| = 1 and Pp = 0 
express a pitch of an original tone, PI = 2 and PF 
= 0 express a pitch higher than the original pitch 
by one octave, and P| = 0 and Pp = 0.5 express a 
pitch lower by one octave. 

Xp represents previous sample data, and Xn 
represents the next sample data. D represents a 
difference between two adjacent sample data, and 
E represents an envelope value. Furthermore, 0 
represents an output value, and C represents a flag 
which is used when a sound source method to be 
assigned to a tone generation channel is changed 
in accordance with performance data, as will be 
described later. 

Various other control data will be described in 
descriptions of the respective sound source meth- 
ods. 

When data shown in Fig. 11 are stored in the 
RAMs 206 and 306 of the MCPU 101 and the 
SCPU 102, and the sound source methods (to be 
described later) are determined, data are set in 
units of channels shown in Fig. 9 in the format 
shown in Fig. 11. 

The sound source processing operations of the 
respective sound source methods executed using 
the above-mentioned data architecture will be de- 
scribed below in turn. These sound source pro- 
cessing operations are realized by analyzing and 
executing a sound source processing program 
stored in the control ROM 201 or 301 by the 
command analyzer 207 or 307 of the MCPU 101 or 
the SCPU 102. Assume that the processing is 
executed under this condition unless othenwise 
specified. 

In the flow chart shown in Fig. 4D, in the sound 
source processing (one of steps S417 to S424) for 
each channel, the sound source method No. data G 
of the data in the data format (Table 1) shown in 
Fig. 11 stored in the corresponding tone generation 
channel of the RAM 206 or 306 is discriminated to 
determine sound source processing of a sound 
source method to be described below. 



Sound Source Processing Based on PCM Method 

When the sound source method No. data G 
indicates the PCM method, sound source process- 

5 ing based on the PCM method shown in the opera- 
tion flow chart of Fig. 13 is executed. Variables in 
the flow chart are data in a PCM format of Table 1 
shown in Fig. 11, which data are stored in the 
corresponding tone generation channel area (Fig, 

10 9) of the RAM 206 or 306 of the MCPU 101 or the 
SCPU 102. 

Of an address group of the external memory 
116 (Fig. 1) where PCM waveform data are stored, 
an address where waveform data as an object to 

75 be currently processed is stored is assumed to be 
(A|, Ap) shown in Fig. 15A. 

Pitch data (P|, Pp) is added to the current 
address (S1301). The pitch data corresponds to the 
type of an ON key of the keyboard keys 801 

20 shown in Fig. 8. 

It is then checked if the integral part A| of the 
sum address is changed (SI 302). If NO in step 
Si 302, an interpolation data value 0 corresponding 
to the decimal part Ap of the address (Fig. 15A) is 

25 calculated by arithmetic processing D x Ap using a 
difference D as a difference between sample data 
Xn and Xp at addresses (Aj + I) and A| (SI 307). 
Note that the difference D has already been ob- 
tained by the sound source processing at previous 

30 interrupt timing (see step SI 306 to be described 
later). 

The sample data Xp corresponding to the in- 
tegral part A| of the address is added to the inter- 
polation data value 0 to obtain a new sample data 

35 value 0 (corresponding to Xq in Fig. 15A) cor- 
responding to the current address (Ai. Ap) (SI 308). 

Thereafter, the sample data is multiplied with 
the envelope value E (SI 309), and the content of 
the obtained data 0 is added to a value held in the 

40 waveform data buffer B (Fig. 12) in the RAM 206 or 
306 of the MCPU 101 or the SCPU 102 (SI 310). 

Thereafter, the control returns to the main flow 
chart shown in Fig. 4A. The control is interrupted in 
the next sampling period, and the operation flow 

45 chart of the sound source processing shown in Fig. 
13 is executed again. Thus, pitch data (P|. Pp) is 
added to the present address (Ai, Ap) (S1301). 

The above-mentioned operations are repeated 
until the integral part A| of the address is changed 

50 (SI 302). 

Before the integral part is changed, the sample 
data Xp and the difference D are left unchanged, 
and only the interpolation data 0 is updated in 
accordance with the address Ap. Thus, every time 

55 the address Ap is updated, new sample data Xq is 
obtained. 

If the integral part A| of the current address is 
changed (SI 302) as a result of addition of the 
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current address (A|, Af) and the pitch data (Pu Pf) 
in step S1301, it is checked if the address A) has 
reached or exceeded the end address Ae (SI 303). 

If YES in step SI 303, the next loop processing 
is executed. More specifically, a value (Ai - Ae) as 
a difference between the updated current address 
At and the end address Ae is added to the loop 
address Al to obtain a new current address (At, 
Af). a loop reproduction is started from the ob- 
tained new current address A| (SI 304). The end 
address Ae is an end address of an area of the 
external nnemory 116 (Fig. 1) where PCM 
waveform data are stored. The loop address Al is 
an address of a position where a player wants to 
repeat an output of a waveform, and known loop 
processing is realized by the PCM method. 

If NO in step SI 303, the processing in step 
SI 304 is not executed. 

Sample data is then updated. In this case, 
sample data corresponding to the new updated 
current address Ay and the immediately preceding 
address (Ai-I) are read out as Xn and Xp from the 
external memory 116 (Fig. 1) (SI 305). 

Furthermore, the difference so far is updated 
with a difference D between the updated data Xn 
and Xp (SI 306). 

The following operation is as described above. 

In this manner, waveform data by the PCM 
method for one channel is generated. 

Sound Source Processing Based on DPCM Method 



The sound source processing based on the 
DPCM method will be described below. 

The operation principle of the DPCM method 
will be briefly described below with reference to 
Fig. 15B. 

In Fig. 158, sample data Xp corresponding to 
an address A| of the external memory 116 (Fig. 1) 
is obtained by adding sample data corresponding 
to an address (A|-1) (not shown) to a difference 
between the sample data corresponding to the 
address (A|-l) and sample data corresponding to 
the address A|. 

A difference D with the next sample data Is 
written at the address A| of the external memory 
116 (Fig. 1). Sample data at the next address 
(Ai + 1) is obtained by Xp + D. 

In this case, if the decimal part of the current 
address is represented by Ap. as shown in Fig. 
15B, sample data corresponding to the current 
address Ap is obtained by Xp + D x Ap. 

In this manner, in the DPCM method, a dif- 
ference D between sample data corresponding to 
the current address and the next address is read 
out from the external memory 116 (Fig. 1), and is 
added to the current sample data to obtain the next 
sample data, thereby sequentially forming 



waveform data. 

If the DPCM method is adopted, when a 
waveform such as a voice or a musical tone which 
generally has a small difference between adjacent 

5 samples is to be quantized, quantization can be 
performed by a smaller number of bits as com- 
pared to the normal PCM method. 

The operation of the above-mentioned DPCM 
method will be described below with reference to 

10 the operation flow chart shown in Fig. 14. Variables 
in the flow chart are DPCM data in Table 1 shown 
in Fig. 11, which data are stored In the correspond- 
ing tone generation channel area (Fig. 9) on the 
RAM 206 or 306 of the MCPU 101 or the SCPU 

75 102. 

Of addresses on the external memory 116 (Fig. 
1) where DPCM differential waveform data are 
stored, an address where waveform data as an 
object to be currently processed is stored is as- 

20 sumed to be (A|, Ap) shown in Fig. 15B. 

Pitch data (P|, Pp) is added to the current 
address (A,, Ap) (SI 401). 

It is then checked if the integral part Ai of the 
sum address is changed (S1402). If NO in step 

25 SI 402, an interpolation data value 0 corresponding 
to the decimal part Ap of the address is calculated 
by arithmetic processing D x Ap using a difference 
D at the address A, in Fig. 158 (S1414). Note that 
the difference D has already been obtained by the 

30 sound source processing at the previous interrupt 
timing (see steps S1406 and SI 410 to be de- 
scribed later). 

The interpolation data value 0 is added to 
sample data Xp corresponding to thie integral part 

35 A| of the address to obtain a new sample data 
value 0 (corresponding Xq in Fig. 158) correspond- 
ing to The current address (Ai, Ap) (SI 41 5). 

Thereafter, the sample data value 0 is multi- 
plied with an envelope value E (SI 41 6), and the 

40 obtained value is added to a value stored in the 
waveform data buffer 8 (Fig. 12) in the RAM 206 or 
306 of the MCPU 101 or the SCPU 102 (S1417). 

Thereafter, the control returns to the flow chart 
shown in Fig. 4A. The control is interrupted in the 

45 next sampling period, and the operation flow chart 
of the sound source processing shown in Fig. 14 is 
executed again. Thus, pitch data (P|, Pp) is added 
to the current address (A|. Ap) (S1401). 

The above-mentioned operations are repeated 

50 until the integral part Ai of the address is changed. 

Before the integral part is changed, the sample 
data Xp and the difference D are left unchanged, 
and only the interpolation data 0 is updated in 
accordance with the address Ap. Thus, every time 

55 the address Ap is updated, new sample data Xq is 
obtained. 

If the integral part A| of the present address is 
changed (SI 402) as a result of addition of the 
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current address (A|, Ap) and the pitch data (P|, Pp) 
in step S1401, it is checked if the address A| has 
reached or exceeded the end address Ae (SI 403). 

If NO in step SI 403. sample data correspond- 
ing to the integral part A| of the updated current 
address is calculated by the loop processing in 
steps SI 404 to SI 407. More specifically, a value 
before the integral part A| of the current address is 
changed is stored in a variable "old A|" (see the 
column of DPCM in Table 1 shown in Fig. 11). This 
can be realized by repeating processing in step 
SI 406 or SI 41 3 (to be described later). The old A| 
value is sequentially incremented in SI 406, and 
differential waveform data in the external memory 
116 (Fig. 1) addressed by the old A| values are 
read out as D in step SI 407. The readout data D 
are sequentially accumulated on sample data Xp in 
step SI 405. when the old A| value becomes equal 
to the integral part Ai of the changed current ad- 
dress, the sample data Xp has a value correspond- 
ing to the integral part A| of the changed current 
address. 

When the sample data Xp corresponding to the 
integral part Ai of the current address is obtained in 
this manner, YES is determined in step SI 404, and 
the control starts the arithmetic processing of the 
interpolation value (SI 41 4) described above. 

The above-mentioned sound source processing 
is repeated at the respective interrupt timings, and 
when the judgment in step SI 403 is changed to 
YES, the control enters the next loop processing. 

An address value (Aj-Ae) exceeding the end 
address Ae is added to the loop address Al, and 
the obtained address is defined as an integral part 
A| of a new current address (SI 408). 

An operation for accumulating the difference D 
several times depending on an advance in address 
from the loop address Al is repeated to calculate 
sample data Xp corresponding to the integral part 
Al of the new current address. More specifically, 
sample data Xp is initially set as the value of 
sample data Xpt (see the column of DPCM in Table 
1 shown in Fig. 11) at the current loop address Al 
and the old A| is set as the value of the loop 
address Al (SI 410). The following processing oper- 
ations in steps SI 410 to SI 41 3 are repeated. More 
specifically, the old Aj value is sequentially incre- 
mented in step SI 41 3, and differential waveform 
data on the external memory 116 (Fig. 1) des- 
ignated by the incremented old A| values read out 
as data D. The data D are accumulated on the 
sample data Xp in step SI 41 2. When old A| value 
becomes equal to the integral part A( of the new 
current address, the sample data Xp has a value 
corresponding to the integral part Ai of the new 
current address after loop processing. 

When the sample data Xp corresponding to the 
integral part A| of the new current address is ob- 



tained In this manner, YES is determined in step 
SI 411, and the control enters the above-mentioned 
arithmetic processing of the interpolation value 
(SI 41 4). 

5 As described above, waveform data by the 

DPCM method for one tone generation channel is 
generated. 

Sound Source Processing Based on FM Method 
10 (Parti) 

The sound source processing based on the FM 
method will be described below. 

In the FM method, hardware or software ele- 

75 ments having the same contents, called 
"operators", as indicated by 0P1 to 0P4 in Figs. 
18A to 18D, are normally used, and are connected 
based on connection rules indicated by algorithms 
1 to 4 in Figs. 18A to 18D, thereby generating 

20 musical tones. In this embodiment, the FM method 
is realized by a software program. 

The operation of this embodiment executed 
when the sound source processing is performed 
using two operators will be described below with 

25 reference to the operation flow chart shown in Fig. 
16A. The algorithm of the processing is shown in 
Fig. 16B. Variables in the flow chart are FM format 
data In Table 1 shown in Fig. 11, which data are 
stored in the corresponding tone generation chan- 

30 nel area (Fig. 9) on the RAM 206 or 306 of the 
MCPU 101 or the SCPU 102. 

First, processing of an operator 2 (0P2) as a 
modulator is performed. In pitch processing 
(processing for accumulating pitch data for deter- 

35 mining an incremental width of an address for 
reading out waveform data stored in the waveform 
memory 116), since no waveform data interpolation 
is performed unlike in the PCM method, an ad- 
dress consists of an integral address A2, and has* 

40 no decimal address. Further, modulation waveform 
data are stored in the external memory 116 (Fig. 
1) at sufficiently fine incremental widths. 

Pitch data P2 is added to the present address 
A2 (SI 601). 

45 A feedback output F02 is added to the address 
A2 as a modulation input to obtain a new address 
Am2 which corresponds to phase of a sine wave 
(SI 602). The feedback output F02 has already been 
obtained upon execution of processing in step 

50 SI 605 (to be described later) at the immediately 
preceding interrupt timing. 

The value of a sine wave corresponding to the 
address Am2 is calculated. In practice, sine wave 
data are stored in the external memory 116 (Fig. 

55 1), and are obtained by addressing the external 
memory 116 by the address Am2 to read out the 
corresponding data (SI 603). 

Subsequently, the sine wave data is multiplied 
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with an envelope value E2 to obtain an output O2 - 
(SI 604). 

Thereafter, the output O2 is multiplied with a 
feedback level Fl2 to obtain a feedback output F02 

(51605) . This output F02 serves as an input to the 
operator 2 (0P2) at the next interrupt timing. 

The output O2 is multiplied with a modulation 
level Ml2 to obtain a modulation output M02 ■ 

(51606) . The modulation output M02 serves as a 
modulation input to an operator 1 (0P1). 

The control then enters processing of the oper- 
ator 1 (0P1). This processing is substantially the 
same as that of the operator 2 (0P2) described 
above, except that there is no modulation input 
based on the feedback output. 

The current address Ai of the operator 1 Is 
added to pitch data Pi (S1607), and the sum is 
added to the above-mentioned modulation output 
M02 to obtain a new address Ami (S1608). 

The value of sine wave data corresponding to 
this address Ami (phase) Is read out from the 
external memory 116 (Fig. 1) (Si 609), and is multi- 
plied with an envelope value Ei to obtain a musical 
tone waveform output O1 (SI 610). 

The output O1 is added to a value held in the 
buffer B (Fig. 12) in the RAM 206 (Fig. 2) or the 
RAM 306 (Fig. 3) (SI 611). thus completing the FM 
processing for one tone generation channel. 

Sound Source Processing Based on TM (Triangular 
Wave Modulation) Method (Part 1) 

The sound source processing based on the TM 
method will be described below. 

The principle of the TM method will be de- 
scribed below. 

The FM method Is based on the following 
formula: 

e = A'sln{a)ct + l(t)*sinwmt} 
where c^ct is the carrier wave phase angle (carrier 
signl) sin<i)mt is the modulation wave phase angle 
(modulation signal), and l(t) is the modulation in- 
dex. 

In contrast to this, a phase modulation method 
called the TM method in this embodiment Is based 
on the following formula: 
e = A-fT{fc(t) + l(t)'sinu>J} 
where fT(t) is the triangular wave function, and is 
defined by the following functions in units of phase 
angle regions (where « is the input): 

.. (region : 0 ^ w ^ 77/2) 

fT(«) = -1 + 2/7r(3W2- <o) 

(region : 7r/2 ^ co ^ 3W2) 

h(oy) = -1 + 2/7r(a) - 37r/2) 

.. (region : 3W2 ^0^271) 

fc Is called a modified sine wave, and Is the 
carrier signal generation function obtained by ac- 



cessing the external memory 116 (Fig. 1) for stor- 
ing different sine waveform data by the carrier 
phase angle wct in units of phase angle regions, fc 
of each phase angle region is defined as follows: 

5 fc(t) = 7r/2sina>ct 

.. (region : 0 ^ ot ^ 7r/2) 
fc(t) = TT - W2sin<i)ct 
.. (region : tt ^ wt ^ 37r/2) 
fc(t) = 27r + 7r/2sinwct 

70 .. (region : 37r/2 ^ o)cX ^ Zn) (where n is an integer) 
In the TM method, the above-mentioned trian- 
gular wave function is modulated by a sum signal 
obtained by adding a carrier signal generated by 
the avove-mentioned function fc(t) to the moulation 

75 signal sln<tfrn(t) at a ratio Indicated by the modula- 
tion Index l(t). In this manner, when the value of the 
moduatlon index is "0", a sine wave can be gen- 
erated, and as the value l(t) Is increased, a deeply 
modulated waveform can always be generated. 

20 Various other signals may be used in place of the 
modulation signal sin<i)m(t), and as will be described 
later, the output of the operator. Itself, may be fed 
back at a predetermined feedback level, or an 
output from another operator may be input. 

25 The sound source processing based on the TM 
method according to the above-mentioned principle 
will be described below with reference to the op- 
eration flow chart shown in Fig. 17A. In this case, 
the sound source processing is also performed 

30 using two operators like in the FM method shown 
in Figs. 16A and 16B, and the algorithm of the 
processing is shown in Fig. 17B. Variables In the 
flow chart are TM format data In Table 1 shown in 
Fig. 1 1 , which data are stored in the corresponding 

35 tone generation channel area (Fig. 9) on the RAM 
206 or 306 of the MCPU 101 or the SCPU 102. 

First, processing of an operator 2 (0P2) as a 
modulator is performed. In pitch processing, since 
no waveform data Interpolation is performed unlike 

40 in the PCM method, an address for addressing the 
external memory 116 consists of only an Integral 
address A2. 

The current address A2 is added to pitch data 
P2 (SI 701). 

45 A modified sine wave corresponding to the 
address A2 (phase) Is read out from the external 
memory 116 (Fig. 1) by the modified sine conver- 
sion fc, and is output as a carrier signal O2 - 
(SI 702). 

50 Subsequently, a feedback output F02 (SI 760) 
as a modulation signal, is added to the carrier 
signal O2, and the sum signal is output as a new 
address O2 (S1703). The feedback output F02 has 
already been obtained upon execution of process- 

55 Ing In step SI 706 (to be described later) at the 
Immediately preceding interrupt timing. 

The value of a triangular wave corresponding 
to the address O2 is calculated. In practice, triangu- 
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lar wave data are stored in the external mennory 
116 (Fig. 1), and are obtained by addressing the 
external memory 116 by the address O2 to read 
out the corresponding data (SI 704). 

Subsequently, the triangular wave data is multi- 
plied with an envelope value E2 to obtain an output 
O2 (SI 705). 

Thereafter, the output O2 is multiplied with a 
feedback level Fl2 to obtain a feedback output F02 
(SI 707), In this embodiment, the output F02 serves 
as an input to the operator 2 (0P2) at the next 
interrupt timing. 

The output O2 is multiplied with a modulation 
level Ml2 to obtain a modulation output M02 - 
(SI 707). The modulation output M02 serves as a 
modulation input to an operator 1 (OPI). 

The control then enters processing of the oper- 
ator 1 (OPI), This processing is substantially the 
same as that of the operator 2 (0P2) described 
above, except that there is no modulation input 
based on the feedback output. 

The current address Ai of the operator 1 is 
added to pitch data Pi (SI 708), and the sum is 
subjected to the above-mentioned modified sine 
conversion to obtain a carrier signal O1 (SI 709). 

The carrier signal O1 is added to the modula- 
tion output M02 to obtain a new value O1 (SI 710), 
and the value O1 is subjected to triangular wave 
conversion (S1711). The converted value is multi- 
plied with an value Ei to obtain a musical tone 
waveform output Oi (SI 71 2). 

The output O1 is added to a value held in the 
buffer B (Fig. 12) in the RAM 206 (Fig. 2) or the 
RAM 306 (Fig. 3), thus completing the TM process- 
ing for one tone generation channel. 

The sound source processing operations based 
on four methods, i.e., the PCM, DPCM, FM, and 
TM methods have been described. The FM and 
TM methods are modulation methods, and, in the 
above examples, two-operator processing oper- 
ations are executed based on the algorithms shown 
in Figs. 16B and 178. However, in sound source 
processing in an actual performance, more oper- 
ators are used, and the algorithms are more com- 
plicated. Figs. 18A to 18D show examples. In an 
algorithm 1 shown in Fig. 18A, four modulation 
operations including a feedback input are per- 
formed, and a complicated waveform can be ob- 
tained. In each of algorithms 2 and 3, two sets of 
algorithms each having a feedback input are ar- 
ranged parallel to each other, and these algorithms 
are suitable for expressing a change in tone color 
during, e.g., transition from an attack portion to a 
sustain portion. An algorithm 4 has a feature close 
to a sine wave synthesis method. 

The sound source processing operations based 
on the FM and TM methods using four operators 
shown in Figs. 18A to 18D will be described below 



in turn with reference to Figs. 19 and 20. 

Sound Source Processing Based on FM Method 
(Part 2) 

5 

Fig. 19 is an operation flow chart of normal 
sound source processing based on the FM method 
corresponding to the algorithm 1 shown in Fig. 
18A. Variables in the flow chart are stored in the 

70 corresponding tone generation channel area (Fig. 
9) on the RAM 206 or 306 of the MCPU 101 or the 
SCPU 102. Although the variables used in Fig. 19 
are not the same as data in the FM format of Table 
1 in Fig. 11, they are obtained by expanding the 

75 concept of the data format shown in Fig. 11, and 
only have different suffixes. 

First, the present address A4 of an operator 4 
(0P4) is added to pitch data P^ (S1901). The 
address A4 is added to a feedback output F04 ■ 

20 (SI 905) as a modulation input to obtain a new 
address Am4 (S1902).Furthermore, the value of a 
sine wave corresponding to the address m4 (phase) 
is read out from the external memory 116 (Fig. 1) 
(SI 903), and is multiplied with an envelope value 

25 E4 to obtain an output 0* (SI 904), Thereafter, the 
output O4 is multiplied with a feedback level Fl4 to 
obtain a feedback output F04 (SI 905). The output 
O4 is multiplied with a modulation level Ml4 to 
obtain a modulation output M04 (SI 906). The mod- 

30 ulation output M04 serves as a modulation input to 
the next operator 3 (0P3). 

The control then enters processing of the oper- 
ator 3 (0P3). This processing is substantially the 
same as that of the operator 4 (0P4) described 

35 above, except that there is no modulation input 
based on the feedback output. The current address 
A3 of the operator 3 (0P3) is added to pitch data 
P3 to obtain a new current address A3 (SI 907). 
The address A3 is added to a modulation output 

40 Mo4 as a modulation input, thus obtaining a new 
address Am3 (SI 908). Furthermore, the value of a 
sine wave corresponding to the address A^a - 
(phase) is read out from the external memory 116 
(Fig. 1) (SI 909), and is multiplied with an envelope 

45 value E3 to obtain an output O3 (S1910), There- 
after, the output O3 is multiplied with a modulation 
level Ml3 to obtain a modulation output M03 - 
(SI 911). The modulation output M03 serves as a 
modulation input to the next operator 2 (0P2). 

50 Processing of the operator 2 (0P2) is then 
executed. However, this processing is substantially 
the same as that of the operator 3, except that a 
modulation input is different, and a detailed de- 
scription thereof will be omitted. 

55 Finally, the control enters processing of an 
operator 1 (OPI). In this case, the same processing 
operations as described above are performed up to 
step SI 920. A musical tone waveform output O1 
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obtained in step SI 920 is added to data stored in 
the buffer B as a carrier (Si 921). 

Sound Source Processing Based on TM IVIethod 
JParTZ) 

Fig. 20 is an operation flow chart of normal 
sound source processing based on the TM method 
corresponding to the algorithm 1 shown in Fig. 
ISA. Variables in the flow chart are stored in the 
corresponding tone generation channel area (Fig. 
9) on the RAM 206 or 306 of the MCPU 101 or the 
SCPU 102. Although the variables used in Fig. 19 
are not the same as data in the TM format of Table 
1 in Fig, 11, they are obtained by expanding the 
concept of the data format shown in Fig. 11, and 
only have different suffixes. 

The present address A^ of the operator 4 
(0P4) is added to pitch data P* (S2061). A modi- 
fied sine wave to the above-mentioned address A* 
(phase) is read out from the external memory 116 
(Fig. 1) by the modified sine conversion fc. and is 
output as a carrier signal O4 (S2002). A feedback 
output Fo4 (see S2007) as a modulation signal is 
added to the carrier signal O4. and the sum signal 
is output as a new address 0^ (S2003). The value 
of a triangular wave corresponding to the address 
0* (phase) is read out from the external memory 
116 (Fig. 1) (to be referred to as a triangular wave 
conversion hereinafter) (S2004), and is multiplied 
with an envelope value E^, thus obtaining an output 
O4 (S2005). Thereafter, the output 0+ is multiplied 
with a modulation level Ml4 to obtain a modulation 
output Mo4 (S2006). The output O4 is multiplied 
with a feedback level Fl4 to obtain a feedback 
output Fo4 (S2007). The modulation output M04 
serves as a modulation input to the next operator 3 
(0P3). 

The control then enters processing of the oper- 
ator 3 (0P3). This processing is substantially the 
same as that of the operator 4 (0P4) described 
above, except that there is no modulation input 
based on the feedback output. The current address 
A3 of the operator 3 (0P3) is added to pitch data 
P3 (S2008) and the sum is subject to modified sine 
conversion to obtain a carrier signal O3 (S2009). 
The carrier signal O3 is added to the above-men- 
tioned modulation output M04 to obtain a new value 
O3 (S2010). and the value O3 is subject to triangu- 
lar wave conversion (S2011). The converted value 
is multiplied with an envelope value E3 to obtain an 
output O3 (S2012). The output O3 is multiplied with 
a modulation level Mls to obtain a modulation out- 
put Mo3 (S2013). The modulation output Mqs 
serves as a modulation input to the next operator 2 
(0P2). 

Processing of the operator 2 (0P2) is then 
executed. However, this processing is substantially 



the same as that of the operator 3, except that a 
modulation input is different, and a detailed de- 
scription thereof will be omitted. 

Finally, the control enters processing of an 

5 operator 1 (0P1). In this case, the same processing 
operations as described above are performed up to 
step S2024. A musical tone waveform output O1 
obtained in step S2024 is accumulated in the buffer 
B (Fig. 12) as a carrier (S2025). 

70 The embodiment of the normal sound process- 
ing operations based on the modulation methods 
has been described. However, the above-men- 
tioned processing is for one tone generation chan- 
nel, and in practice, the MCPU 101 and the SCPU 

75 102 each execute processing for eight channels 
(Fig. 4D). If a modulation method is designated in a 
given tone generation channel, the above-men- 
tioned sound source processing based on the mod- 
ulation method is executed. 

20 

Modification of Modulation Method (Part 1) 

The first modulation of the sound source pro- 
cessing based on the modulation method will be 
25 described below. 

The basic concept of this processing is shown 
in the flow chart of Fig. 21. 

In Fig. 21, operator 1. 2, 3, and 4 processing 
operations have the same program architecture al- 
so though they have different variable names to be 
used. 

Each operator processing cannot be executed 
unless a modulation input is determined. This is 
because a modulation input to each operator pro- 

35 cessing varies depending on the algorithm, as 
shown in Figs. 18A to 18D. Which operator pro- 
cessing output is used as a modulation input or 
whether or not an output from its own operator 
processing is fed back, and is used as its own 

40 modulation input in place of another operator pro- 
cessing must be determined. In the operation flow 
chart shown in Fig. 21, such determinations are 
simultaneously performed in algorithm processing 
(S2105), and the connection relationship obtained 

45 by this processing determine modulation inputs to 
the respective operator processing operations 
(S2102 to S2104). Note that a given initial value is 
set as an input to each operator processing at the 
beginning of tone generation. 

50 When the operator processing and the algo- 
rithm processing are separated in this manner, the 
program of the operator processing can remain the 
same, and only the algorithm processing can be 
modified in correspondence with algorithms. There- 

55 fore, the program size of the overall sound source 
processing based on the modulation method can 
be greatly reduced. 

A modification of the FM method based on the 
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above-mentioned basic concept will be described 
below. The operator 1 processing in the operation 
flow chart showing operator processing based on 
the FM method in Fig. 21 is shown in Fig. 22A, and 
an arithmetic algorithm per operator is shown in 
Fig. 22B. The remaining operator 2 to 4 processing 
operations are the same except for different suffix 
numbers of variables. Variables in the flow chart 
are stored in the corresponding tone generation 
channel (Fig. 9) on the RAM 206 or 306 of the 
MCPU101 or the SCPU 102. 

An address Ai corresponding to a phase angle 
is added to pitch data Pi to obtain a new address 
Ai (S2201). The address Ai is added to a modula- 
tion input Mil, thus obtaining an address Ami - 
(S2202). The modulation input Mn is determined 
by the algorithm processing in step S2105 (Fig. 21) 
at the Immediately preceding interrupt timing, and 
may be a feed back output Fqi of its own operator, 
or an output M02 from another operator, e.g., an 
operator 2 depending on the algorithm. The value 
of a sine wave corresponding to this address 
(phase) Ami is read out from the external memory 
116 (Fig. 1), thus obtaining an output O1 (S2203). 
Thereafter, a value obtained by multiplying the 
output O1 with envelope data Ei serves as an 
output O1 of the operator 1 (52204). The output O1 
is multiplied with a feedback level Fu to obtain a 
feedback output Fqi (82205). The output O1 is 
multipled with a modulation level Mli, thus obtain- 
ing a modulation output Mqi (S2206). 

A modification of the TM method based on the 
above-mentioned basic concept will be described 
below. The operator 1 processing in the operation 
flow chart showing operator processing based on 
the TM method in Fig. 21 is shown in Fig. 23A, and 
an arithmetic algorithm per operator is shown in 
Fig. 23B. The remaining operator 2 to 4 processing 
operations are the same except for different suffix 
numbers of variables. Variables in the flow chart 
are stored in the corresponding tone generation 
channel (Fig. 9) on the RAM 206 or 306 of the 
MCPU 101 or the SCPU 102. 

The current address Ai is added to pitch data 
Pi (S2301). A modified sine wave corresponding to 
the above-mentioned address Ai (phase) is read 
out from the external memory 116 (Rg. 1) by the 
modified sine conversion fc, and is generated as a 
carrier signal O1 (S2302). The output Oi is added 
to a modulation input Mn as a modulation signal, 
and the sum is defined as a new address O1 - 
(S2303). The value of a triangular wave corre- 
sponding to the address O1 (phase) is read out 
from the external memory 116 (S2304), and is 
multiplied with an envelope value Ei to obtain ah 
output O1 (S2306). Thereafter, the output O1 is 
multiplied with a feedback level Fu to obtain a 
feedback output Fqi (S2306). The output O1 is 



multiplied with a modulation level Mu to obtain a 
modulation output Mqi (S2307). 

The algorithm processing In step S2105 In Fig. 
21 for determining a modulation input In the oper- 

5 ator processing In both the above-mentioned mod- 
ulation methods, i.e., the FM and TM methods will 
be described in detail below with reference to the 
operation flow chart of Fig. 24. The flow chart 
shown In Fig. 24 Is common to both the FM and 

10 TM methods, and the algorithms 1 to 4 shown In 
Figs. 18A to 18D are selectively processed. In this 
case, choices of the algorithms 1 to 4 are made 
based on an instruction (not shown) from a player 
(S2400). 

75 The algorithm 1 Is of a series four-operator (to 
be abbreviated to as an OP hereinafter) type, and 
only the 0P4 has a feedback Input. More specifi- 
cally, in the algorithm 1 , 

a feedback output F04 of the 0P4 serves as 
20 the modulation input M14 of the 0P4 (S2401), 

a modulation output M04 of the 0P4 serves as 
a modulation input M13 of the 0P3 (S2402), 

a modulation output Op3 of the 0P3 serves as 
a modulation input M,2 of the 0P2 (S2403). 
25 a modulation output M02 of the 0P2 serves as 
a modulation input Mn of the 0P1 (S2404), and 

an output O1 from the 0P1 is added to the 
value held in the buffer B (Fig. 12) as a carrier 
output (S2405). 
30 In the algorithm 2, as shown in Fig. 18B, the 
0P2 and the 0P4 have feedback inputs. More 
specifically, in the algorithm 2, 

a feedback output F04 of the 0P4 serves as a 
modulation Input M14 of the 0P4 (S2406), 
35 a modulation output M04 of the 0P4 serves as 
a modulation input M13 of the 0P3 (S2407), 

a feedback output F02 of the 0P2 serves as a 
modulation input M12 of the 0P2 (S2408). 

modulation outputs M02 and Mqs of the 0P2 
40 and serve as a modulation Input Mn of the 0P1 

(52409) , and 

an output O1 from the 0P1 is added to the 
value held in the buffer B as a carrier output 

(52410) . 

45 In the algorithm 3, the 0P2 and 0P4 have 
feedback inputs, and two modules In which two 
operators are connected in series with each other 
are connected In parallel with each other. More 
specifically, in the algorithm 3, 
50 a feedback output F04 of the 0P4 serves as a 
modulation input M14 of the 0P4 (S2411), 

a modulation output M04 of the 0P4 serves as 
a modulation Input M13 of the 0P3 (S2412), 

a feedback output F02 of the 0P2 serves as a 
55 modulation input M12 of the 0P2 (S2413), 

a modulation output M02 of the 0P2 serves as 
a modulation Input Mn of the 0P1 (S2414), and 
outputs O1 and O3 from the 0P1 and 0P3 are 
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added to the value held in the buffer B as carrier 
outputs (S2415). 

The algorithm 4 Is of a parallel four-OP type, 
and all the OPs have feedback inputs. More spe- 
cifically, in the algorithm 4. 

a feedback output F04 of the 0P4 serves as a 
modulation input of the 0P4 (S2416). 

a feedback output F03 of the OPS serves as a 
modulation input M13 of the 0P3 (S2417), 

a feedback output F02 of the 0P2 serves as a 
modulation input M12 of the 0P2 (S2418), 

a feedback output Fqi of the 0P1 serves as an 
input Mil of the 0P1 (S2419), and 

outputs Oi, O2. O3. and O4 from all the OPs 
are added to the value held In the buffer B 
(S2420). 

The sound source processing for one channel 
is completed by the above-mentioned operator pro- 
cessing and algorithm processing, and tone gen- 
eration (sound source processing) continues in this 
state unless the algorithm Is changed. 

Modification of Modulation Method (Part 2) 



The. second modification of the sound source 
processing based on the modulation method will be 
described below. 

In the various modulation methods described 
above, processing time is increased as the com- 
plicated algorithms are programmed, and as the 
number of tone generation channels (the number of 
polyphonic channels) is increased. 

In the second modification to be described 
below, the first modification shown In Fig. 21 is 
further developed, so that only operator processing 
is performed at a given interrupt timing, and only 
algorithm processing is performed at the next inter- 
rupt timing. Thus, the operator processing and the 
algorithm processing are alternately executed. In 
this manner, a processing load per interrupt timing 
can be greatly reduced. As a result, one sample 
data per two Interrupts Is output. 

This operation will be described below with 
reference to the operation flow chart shown In Fig. 
25. 

In order to alternately execute the operator 
processing and the algorithm processing, whether 
or not a variable S is zero Is checked (S2501). The 
variable is provided for each tone generation chan- 
nel, and is stored In the corresponding tone gen- 
eration channel area (Fig. 9) on the RAM 206 or 
306 of the MCPU 101 or the SCPU 102. 

If S = 0 at a given interrupt timing, the pro- 
cess enters an operator processing route, and sets 
the variable S to a value "1" (S2502). Subse- 
quently, operator 1 to 4 processing operations are 
executed (S2503 to S2506), This processing Is the 
Same as that in Fig. 22 or 23. 



The process exits from the operator processing 
' route, and executes output processing for setting a 
value of the buffer BF (for the FM method) or the 
buffer BT (for the TM method) (S2510). The buffer 

6 BF or BT Is provided for each tone generation 
channel, and is stored in the corresponding tone 
generation channel area (Fig. 9) on the RAM 206 or 
306 of the MCPU 101 or the SCPU 102. The buffer 
BF or BT stores a waveform output value after the 

10 algorithm processing. At the current Interrupt tim- 
ing, however, no algorithm processing been ex- 
ecuted, and the content of the buffer BF or BT Is 
not updated. For this reason, the same waveform 
output value as that at the Immediately preceding 

75 interrupt timing is output. 

With the above processing, sound source pro- 
cessing for one tone generation channel at the 
current Interrupt timing is completed. In this case, 
data obtained by the current operator 1 to 4 pro- 

20 cessing operations are stored in the corresponding 
tone generation channel area (Fig. 9) on the RAM 
206 or 306 of the MCPU 101 or the SCPU 102. 

At the next interrupt timing, since the variable 
S is set to be 1 at the immediately preceding 

25 interrupt timing, the flow advances to step S2507. 
The process then enters an algorithm processing 
route, and sets the variable S to be a value "0". 
Subsequently, the algorithm processing Is execut- 
ed (S2508). 

30 In this processing, the data processed in the 
operator 1 to 4 processing operations at the imme- 
diately preceding interrupt timing and stored In the 
corresponding tone generation channel area (Fig. 
9) are used, and processing for determining a 

35 modulation input for the next operator processing is 
executed. In this processing, the content of the 
buffer BF or BT is rewritten, and a waveform output 
value at that interrupt timing can be obtained. The 
algorithm processing is shown in detail in the op- 

40 eratlon flow chart of Fig. 26. In this flow chart, the 
same processing operations as In Fig. 24 are ex- 
ecuted in steps denoted by the same reference 
numerals as in Fig. 24. A difference between Figs. 
24 and 26 is an output portion In steps S2601 to 

45 S2604. In the case of algorithms 1 and 2, the 
content of the output O1 of the operator 1 process- 
ing Is directly stored in the buffer BF or BT (S2601 
and S2602). In the case of the algorithm 3, a value 
as a sum of the outputs O1 and O3 Is stored In the 

50 buffer BF or BT (S2603). Furthermore, in the case 
of the algorithm 4, a value as a sum of the output 
Oi and the outputs O2. O3. and 0+ is stored in the 
buffer BF or BT (S2604). 

As described above, since the operator pro- 

55 cessing and the algorithm processing are alter- 
nately executed at every other interrupt timing, a 
processing load per interrupt timing of the sound 
source processing program can be remarkably de- 
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creased. " In this case, since an interrupt period 
need not be prolonged, the processing load can be 
reduced without increasing an interrupt time of the 
main operation flow chart shown in Fig. 4A, i.e., 
without influencing the program operation. There- 
fore, a keyboard key sampling interval executed in 
Fig. 4A will not be prolonged, and the response 
performance of an electronic musical instrument 
will not be impaired. 

The operations for generating musical tone 
data in units of tone generation channels by the 
software sound source processing operations 
based on various sound source methods have 
been described. 

Function Key Processing 

The operation of the function key processing 
(S403) in the main operation flow chart shown in 
Fig. 4A when an actual electronic musical Instru- 
ment is played will be described in detail below. 

. In the above-mentioned sound source process- 
ing executed for each tone generation channel, 
parameters corresponding to sound source meth- 
ods are set in the formats shown in Fig. 11 in the 
corresponding tone generation channel area (Fig. 
9) on the RAM 206 or 306 (Figs. 2 and 3) by one 
of the function keys 801 (Fig. 8A) connected to the 
operation panel of the electronic musical instru- 
ment via the input port 210 (Fig. 2) of the MCPU 
101. 

Fig. 27 shows an arrangement of some func- 
tion keys 801 shown in Fig. 8A. In Fig. 27, some 
function keys 801 are realized as tone color switch- 
es. When one of switches "piano", "guitar" 

"koto" in a group A is depressed, a tone color of 
the corresponding instrument tone is selected, and 
a guide lamp is turned on. Whether the tone color 
of the selected instrument tone is generated in the 
DPCM method or the TM method is selected by a 
DPCM/TM switch 2701. 

On the other hand, when a switch "tuba" in a 
group B is depressed, a tone color based on the 
FM method is designated; when a switch "bass" is 
depressed, a tone color on both the PCM and TM 
methods is designated; and when a switch 
"trumpet" is depressed, a tone color based on the 
PCM method is designated. Then, a musical tone 
based on the designated sound source method is 
generated. 

Figs. 28A and 28B show of sound source 
methods to the respective tone generation channel 
region (Fig, 9) on the RAM 206 or 306 when the 
switches "piano" and "bass" are depressed. When 
the switch "piano" is depressed, the DPCM meth- 
od is assigned to all the 8-tone polyphonic tone 
generation channels of the MCPU 101 and the 
SCPU 102, as shown in Fig. 28A. When the switch 



"bass" is depressed, the PCM method is assigned 
to the odd-numbered tone generation channels, 
and the TM method is assigned to the even-num- 
bered tone generation channels, as shown in Fig. 

5 288. Thus, a musical tone waveform for one musi- 
cal tone can be obtained by mixing tone 
waveforms generated in the two tone generation 
channels based on the PCM and TM methods. In 
this case, a 4-tone polyphonic system per CPU is 

10 attained, and an 8-tone polyphonic system as a 
total of two CPUs is attained. 

Fig. 29 is a partial operation flow chart of the 
function key processing in step S403 in the main 
operation flow chart shown in Fig. 4A, and shows 

75 processing corresponding to the tone color des- 
ignation switch group shown in Fig. 27. 

It is checked if a player operates the 
DPCM/TM switch 2701 (S2901). If YES in step 
S2901. it is checked if a variable M is zero 

20 (S2902). The variable M stored on the RAM 206 
(Fig. 2) of the MCPU 101, and has a value "0" for 
the DPCM method; a value "1 " for the TM method. 
If YES in step S2902, i.e.. if it is determined that 
the value of the variable M is 0, the variable M is 

25 set to be a value "1 " (S2903). This means that the 
DPCM/TM switch 2701 is depressed in the DPCM 
method selection state, and the selection state is 
changed to the TM method selection state. How- 
ever, if NO in step S2902, i.e.. if it is determined 

30 that the value of the variable M is "1", the variable 
M is set to be a value "0" (S2904). This means 
that the DPCMyTM switch 2701 is depressed In the 
TM method selection state, and the selection state 
is changed to the DPCM method selection state. 

35 It is checked if a tone color in the group A 
shown in Fig. 27 is currently designated (82905)!^ 
Since the DPCM/TM switch 2701 is valid for tone 
colors of only group A, only when a tone color in 
the group A is designated, and YES is determined 

40 in step S2905, operations corresponding to the 
DPCM/TM switch 2701 in steps S2906 to S2908 
are executed. 

It is checked if the variable M is "0" (S2906). 
If YES in step S2906, since the DPCM method 

45 Is selected by the DPCM/TM switch 2701. DPCM 
data are set in the DPCM format shown in Fig. 1 1 
in the corresponding tone generation channel areas 
on the RAMs 206 and 306 (Figs. 2 and 3). More 
specifically, sound source method No. data G in- 

50 dicating the DPCM method is set in the start area 
of the corresponding tone generation channel area 
(see the column of DPCM in Fig. 11). Subse- 
quently, various parameters corresponding to cur- 
rently designated tone colors are respectively set 

55 in the second and subsequent areas of the cor- 
responding tone generation channel area (S2907). 

If NO in step S2906, since the TM method is 
selected by the DPCM/TM switch 2701, TM data 
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are set in the TM format shown in Fig. 11 in the 
corresponding generation channel areas. More sjDe- 
cifically, sound source method No. data G indicat- 
ing the TM method is set in the start area of the 
corresponding tone generation channel area. Sub- 
sequently, various parameters corresponding to 
currently designated tone colors are respectively 
set in the second and subsequent areas of the 
corresponding tone generation channel area 
(S2908). 

A case has been exemplified wherein the 
DPCM/TM switch 2701 shown in Fig. 27 is op- 
erated. If the switch 2701 is not operated and NO 
is determined in step S2901, or if tone color of the 
group A is not designated and NO is determined in 
step S2905, processing from step S2909 is ex- 
ecuted. 

It is checked in step S2909 if a change in tone 
color switch shown in Fig. 27 is detected. 

If NO in step S2909, since processing for the 
tone color switches need not be executed, the 
function key processing (S403 in Fig. 4A) is ended. 

If it is determined that a change in tone color 
switch is detected, and YES is determined in step 
S2909, It is checked if a tone color in the group B 
Is designated (S2910). 

If a tone color in the group B is designated, 
and YES is determined in step S2910, data for the 
sound source method corresponding to the des- 
ignated tone color are set In the predetermined 
format in the corresponding tone generation chan- 
nel areas on the RAMs 206 and 306 (Figs. 2 and 
3). More specifically, sound source method No. 
data G indicating the sound source method is set 
In the start area of the corresponding tone genera- 
tion channel area (Fig. 11): Subsequently, various 
parameters corresponding to the currently desig- 
nated tone color are respectively set In the second 
and subsequent areas of the corresponding tone 
generation channel area (S2911). For example, 
when the switch "bass" in Fig. 27 is selected, data 
corresponding to the PCM method are set In the 
odd-numbered tone generation channel areas, and 
data corresponding to the TM method are set In 
the even-numbered tone generation channel areas. 

If it is determined that the tone color switch in 
the group A is designated, and NO is determined 
in step S29l0, it is checked if the variable M is "1" 
(S2912). If the TM method is currently selected, 
and YES is determined in step S2912, data are set 
in the TM format (Fig. 11) in the corresponding 
tone generation channel area (S2913) like In step 
S2908 described above. 

If the DPCM method is selected, and NO is 
determined in step S2912, data are set in the 
DPCM format (Fig. 11) in the corresponding tone 
generation channel area (S2914) like in step S2907 
described above. 



First Embodiment of ON Event Keyboard Key Pro- 
cessing 

The operation of the keyboard key processing 

5 (S405) in the main operation flow chart shown in 
Fig. 4A executed when an actual electronic musical 
instrument is played will be described below. 

The first embodiment of ON event keyboard 
key processing will be described below. 

70 In this embodiment, when a tone color in the 
group A shown in Fig. 27 is designated, the sound 
source method to be set in the corresponding tone 
generation channel area of the RAM 206 or 306 
(Figs. 2 and 3) is automatically switched in accor- 

75 dance with an ON key position, i.e., a tone range of 
a musical tone. This embodiment has a boundary 
between key code numbers 31 and 32 on the 
keyboard shown In Fig. 8B. That is, when a key 
code of an ON key falls within a bass tone range 

20 equal to or lower than the 31st key code, the 
DPCM method is assigned to the corresponding 
tone generation channel. On the other hand, when 
a key code of an ON key falls within a high tone 
range equal to or higher than the 32nd key code, 

25 the TM method is assigned to the corresponding 
tone generation channel. When a tone color in the 
group B in Fig. 27 is designated, no special key- 
board key processing is executed. 

Fig. 30 is a partial operation flow ch.art of the 

30 keyboard key processing in step S405 in the main 
operation flow chart of Fig. 4A. 

It is checked if a tone color in the group A is 
presently designated (S3001). ~ 
If NO In step S3001, and a tone color in the 

35 group B Is currently designated, special processing 
in Fig. 30 is not performed. 

If YES In step S3001, and a tone color In the 
group A is currently designated, it is checked if a 
key code of a key which is detected as an "ON 

40 key" in the keyboard key scanning processing in 
step S404 in the main operation flow chart shown 
in Fig. 4A is equal to or lower than the 31st key 
code (S3002). 

If a key in the bass tone range equal to or 

45 lower than the 31st key code is depressed, and 
YES is determined in step S3002, it is checked if 
the variable M is "1 " (S3003). The variable M is set 
in the operation flow chart shown in Fig. 29 as a 
part of the function key processing in step S403 in 

50 the main operation flow chart shown in Fig. 4A, and 
is "0" for the DPCM method; "1" for the TM 
method, as described above. 

If YES (M, = "1") in step S3003, i.e., if it is 
determined that the TM method is currently des- 

55 ignated as the sound source method, DPCM data 
in Fig. 1 1 are set in a tone generation channel area 
of the RAM 206 or 306 (Figs. 2 and 3) where the 
ON key is assigned so as to change the TM 
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method to the DPCM method as a sound source 
method for the bass tone range (see the column of 
DPCM in Fig. 1 1 ). More specifically, sound source 
method No. data G indicating the DPCM method is 
set in the start area of the corresponding tone 
generation channel area. Subsequently, various pa- 
rameters corresponding to the currently designated 
tone color are respectively set In the second and 
subsequent areas of the corresponding tone gen- 
eration channel area (S3004). Thereafter, a value 
"1" Is set In a flag C (S3005). The flag C is a 
variable (Fig. 11) stored In each tone generation 
channel area on the RAM 206 (Fig. 2) of the MCPU 
101, and Is used in OFF event processing to be 
described later with reference to Fig. 32. 

If it is determined that a key in the high tone 
range equal to or higher than the 31st key code is 
depressed, and NO is determined in step S3002. it 
Is checked if the variable M is "1 " (S3006). 

If NO (M = "0") in step S3006, i.e., If it is 
determined that the DPCM method is currently 
designated as the sound source method, TM data 
in Fig. 11 are set in a tone generation channel area 
of the RAM 206 or 306 (Figs. 2 and 3) where the 
ON key is assigned so as to change the DPCM 
method to the TM method as a sound source 
method for the high tone range (see the column of 
TM in Fig. 11). More specifically, sound source 
method No. data G Indicating the TM method is set 
in the start area of the corresponding tone genera- 
tion channel area. Subsequently, various param- 
eters corresponding to the currently designated 
tone color are respectively set In the second and 
subsequent areas of the corresponding tone gen- 
eration channel area (S3007). Thereafter, a value 
"2" is set in a flag C (S3008). 

In the above-mentioned processing. If NO In 
step S3003 and if YES in step S3006; since the 
desired sound source method is originally selected, 
no special is executed. 

Second Embodiment of ON Event Keyboard Key 
Processing 



The second embodiment of the ON event key- 
board key processing will be described below. 

In the second embodiment of the ON event 
keyboard key processing, when a tone color In the 
group A in Fig. 27 is designated, a sound source 
method to be set in the corresponding tone gen- 
eration channel area (Fig. 9) on the RAM 206 or 
206 (Figs. 2 and 3) of the MCPU 101 or the SCPU 
102 is automatically switched in accordance with 
an ON key speed, i.e., a velocity. In this case, a 
switching boundary is set at a velocity value "64" 
half the maximum value "127" of the MIDI (Musical 
Instrument Digital Interface) standards. That Is, 
when the velocity value of an ON key Is equal to or 



larger than 64, the DPCM method Is assigned; 
when the velocity of an ON key is equal to or 
smaller than 64, the TM method is assigned. When 
a tone color In the group B in Fig. 27 is designated, 

5 no special keyboard key processing is executed. 

Fig. 31 is a partial operation flow chart of the 
keyboard key processing in step S405 in the main 
operation flow chart shown In Fig. 4A. 

It is checked if a tone color in the group A In 

70 Fig. 27 is currently designated (S3101). ~ 
If NO in step S3101, and a tone color In the 
group B is presently selected, the special process- 
ing in Fig. 30 is not executed. 

If YES in step S3101, and a tone color In the 

75 group A Is presently selected, It is checked if the 
velocity of a key which is detected as an "ON key" 
In the keyboard key scanning processing in step 
S404 in the main operation flow Chart Shown in 
Fig. 4A Is equal to or larger than 64 (S3102). Note 

20 that the velocity value "64" corresponds to "mp 
(mezzo piano)" of the MIDI standards. 

If it is determined that the velocity value is 
equal to or larger than 64, and YES Is determined 
in step S3102, It Is checked If the variable M is "1" 

25 (S3102). The variable M is set in the operation flow 
chart shown in Fig. 29 as a part of the function key 
processing in step S403 in the main operation flow 
chart shown in Fig. 4A. and is "0" for the DPCM 
method; "1" for the TM method, as described 

30 above. 

If YES (M = "1") in step S3103, and the TM 
method is currently designated as the sound 
source method, DPCM data In Fig. 11 are set in a 
tone generation channel area of the RAM 206 or 

35 306 (Figs. 2 and 3) where the ON key is assigned 
so as to change the TM method to the DPCM 
method as a sound source method for a fast ON 
key operation (S3104), and a value "1 " Is set in the 
flag C(S3105). 

40 If it Is determined that the velocity value is 
smaller than 64 and NO is determined in step 
S3102, It is further checked if the variable M is "1" 

(53106) . 

NO (M = "0") in step S3106. and the DPCM 
45 method is currently designated as the sound 
source method, TM data In Fig. 11 are set in a 
tone generation channel area of the RAM 206 or 
306 where the ON key is assigned so as to change 
the DPCM method to the TM method as a sound 
50 source method for a slow ON key operation 

(53107) . Thereafter, a value "2" is set in the flag C 

(53108) . 

In the above-mentioned processing, if NO in 
step S3103 and If YES in step S3106, since the 
55 desired sound source method is originally selected, 
no special processing Is executed. 
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Embodiment of OFF Event Keyboard Key Process- 
ing 

The embodiment of the OFF event keyboard 
key processing will be described below. 

According to the above-mentioned ON event 
keyboard key processing, the sound source meth- 
od is automatically set in accordance with a key 
range (tone range) or a velocity. Upon an OFF 
event, the set sound source method must be re- 
stored. The embodiment of the OFF event key- 
board key processing to be described below can 
realize this processing. 

Fig. 32 is a partial operation flow chart of the 
keyboard key processing in step S405 in the main 
operation flow chart shown in Fig. 4A. 

The value of the flag C set in the tone genera- 
tion channel area on the RAM 206 or 306 (Figs. 2 
and 3), where the key determined as an "OFF key" 
in the keyboard key scanning processing in step 
S404 in the main operation flow chart of Fig. 4A is 
assigned, is checked. The flag C is set in steps 
S3005 and S3008 in Fig. 30. or in step S3105 or 
S3108 in Fig. 31, has an initial value "0", is set to 
be "1" when the sound source method is changed 
from the TM method to the DPCM method upon an 
ON event, and is set to be "2" when the sound 
source method is changed from the DPCM method 
to the TM method. When the sound source method 
is left unchanged upon an ON event, the flag 0 is 
left at the initial value "0". 

If it is determined in step S3201 in the OFF 
event processing in Fig. 32 that the value of the 
flag 0 is "0", since the sound source method is left 
unchanged in accordance with a key range or a 
velocity, no special processing is executed, and 
normal OFF event processing is performed. 

If it is determined in step S3201 that the value 
of the flag C is "1", the sound source method is 
changed from the TM method to the DPCM meth- 
od upon an ON event. Thus. TM data in Fig. 11 is 
set in the tone generation channel area on the 
RAM 206 or 306 (Fig, 2 or 3) where the ON key is 
assigned to restore the sound source method to 
the TM method. More specifically, sound source 
No. data G indicating the TM method is set in the 
start area of the corresponding tone generation 
channel area. Subsequently, various parameters 
corresponding to the presently designated tone col- 
or are respectively set in the second and subse- 
quent areas of the corresponding tone generation 
channel area (S3202). 

If it is determined in step S3201 that the value 
of the flag C is "2", the sound source method is 
changed from the DPCM method to the TM meth- 
od. Thus, DPCM data in Fig. 11 is set in the tone 
generation channel area on the RAM 206 or 306 



where the ON key is assigned to restore the sound 
source method from the TM method to the DPCM 
method. More specifically, sound source method 
No. data G indicating the DPCM method is set in 

5 the start area of the corresponding tone generation 
channel area. Subsequently, various parameters 
corresponding to the presently designated tone col- 
or are respectively set in the second and subse- 
quent areas of the corresponding tone generation 

10 channel area {S3203). 

After the above-mentioned operation, the value 
of the flag C is reset to "0", and the processing in 
Fig. 32 is completed. Subsequently, normal OFF 
event processing (not shown) is executed. 

75 

Other Embodiments 

In the above embodiments of the present in- 
vention described above, as shown In Fig, 1, the 

20 two CPUs, i.e., the MCPU 101 and the SCPU 102 
share processing of different tone generation chan- 
nels. However, the number of CPUs may be one or 
three or more. 

If the control ROMs 201 and 301 shown in 

25 Figs. 2 and 3, and the external memory 116 are 
constituted by, e.g., ROM cards, various sound 
source methods can be presented to a user by 
means of the ROM cards. 

Furthermore, the input port 210 of the MCPU 

30 101 shown in Fig. 2 can be connected to various 
other operation units in addition to the instrument 
operation unit shown in Fig. 8A. Thus, various other 
electronic musical instruments can be realized. In 
addition, the present invention may be realized as 

35 a sound source module for executing only the 
sound source processing while receiving . perfor- 
mance data from another electronic musical instru- 
ment. 

Various methods of assigning sound source 

40 methods to tone generation channels by the func- 
tion keys 801 or the keyboard keys 802 in Fig. 8A 
including those based on tone colors, tone ranges, 
and velocities, may be proposed. 

In addition to the FM and TM methods, the 

45 present invention may be applied to various other 
modulation methods. 

In the modulation method, the above embodi- 
ment exemplifies a 4-operator system. However, 
the number of operators is not limited to this. 

50 In this manner, according to the present inven- 
tion, a musical tone waveform generation apparatus 
can be constituted by versatile processors without 
requiring a special-purpose sound source circuit at 
all. For this reason, the circuit scale of the overall 

55 musical tone waveform generation apparatus can 
be reduced, and the apparatus can be manufac- 
tured in the same manufacturing technique as a 
conventional microprocessor when the apparatus is 
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constituted by an LSI, thus improving the yield of 
chips. Therefore, manufacturing cost can be greatly 
reduced. Note that a musical tone signal output 
unit can be constituted by a simple latch circuit, 
resulting In almost no increase in manufacturing 
cost after the output unit Is added. 

When the modulation method is required to be 
changed between a phase modulation method and 
a frequency modulation method, or when the num- 
ber of polyphonic channels is required to be 
changed, a sound source processing program to 
be stored in a program storage means need only 
be changed to meet the above requirements. 
Therefore, development cost of a new musical tone 
waveform generation apparatus can be greatly de- 
creased, and a new sound source method can be 
presented to a user by means of, e.g., a ROM 
card. 

In this case, since a data architecture for attain- 
ing a data link between a performance data pro- 
cessing program and a sound source processing 
program via musical tone generation data on a data 
storage means, and a program architecture for 
executing the sound source processing program at 
predetermined time intervals while interrupting the 
performance data processing program are realized, 
two processors need not be synchronized, and the 
programs can be greatly simplified. Thus, com- 
plicated sound source processing such as the 
modulation method can be executed with a suffi- 
cient margin. 

Furthermore, since a change in processing 
time depending on the type of modulation method 
or a selected musical tone generation algorithm in 
the modulation method can be absorbed by a 
musical tone signal output means, no complicated 
timing control program for outputting a musical 
tone signal to, e.g., a D/A converter can be omitted. 

Furthermore, the present invention has, as an 
architecture of the sound source processing pro- 
gram, a processing architecture for simultaneously 
executing algorithm processing operations as I/O 
processing among operator processing operations 
before or after simultaneous execution of at least 
one operator processing as a modulation process- 
ing unit. For this reason, when one of a plurality of 
algorithms is selected to execute sound source 
processing, a plurality of types of algorithm pro- 
cessing portions are prepared, and need only be 
switched as needed. Therefore, the sound source 
processing program can be rendered very com- 
pact. The small program size can greatly contribute 
to a compact, low-cost musical tone waveform gen- 
eration apparatus. 

Claims 

1. A musical tone wavefornh generation apparatus 



characterized by comprising: 

storage means (201) for storing a sound 
source processing program based on a pre- 
determined modulation method; 

5 musical tone signal generation means 

(101) for generating a musical tone signal on 
the basis of a process of the modulation meth- 
od by executing the sound source processing 
program stored in said storage means; and 

70 musical tone signal output means (107, 

108) for outputting the musical tone signal gen- 
erated by said musical tone signal generation 
means at predetermined time intervals. 

75 2. An apparatus according to claim 1, character- 
ized in that said musical tone signal output 
means (107, 108) comprises: 

timing signal generating means (203) for 
generating a timing signal for each predeter- 

20 mined sampling period: 

first latch means (601) for latching a digital 
musical tone signal generated by said musical 
tone signal generation means (101) at an out- 
putting timing of the digital musical tone signal 

25 from said musical tone signal generation 

means (101); and 

second latch means (602) for outputting 
the digital musical tone signal by latching an 
output signal of said first latch means (601) 

30 when the timing signal is generated from said 
timing signal generating means (203). 

3. An apparatus according to claim 1. character- 
ized in that the method is a method of receiv- 
35 Ing a mixed signal obtained by mixing a carrier 
signal and a modulation signal as an input and 
outputting a modulated musical tone signal as 
an output. 

40 4. An apparatus according to claim 3, character- 
ized in that a functional relationship between 
the input and the output is expressed by nei- 
ther of sine and cosine function relationships, 
and the carrier signal is a signal for making the 

45 output to be a sine or cosine wave at a single 
frequency when the carrier signal is directly 
used as the Input. 

5. An apparatus according to claim 3, character- 
so ized in that a functional relationship between 
the input and the output is expressed by a sine 
function, and the carrier signal is defined by a 
sine wave. 

55 6. A musical tone waveform generation apparatus 
characterized by comprising: 

program storage means (201) for storing a 
performance data processing program for pro- 
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cessing performance data, and a sound source 
processing program, based on a modulation 
method, for obtaining a musical tone signal; 

address control means (205) for controlling 
an address of said program storage means 5 
(201): 

data storage means (206) for storing musi- 
cal tone generation data necessary for generat- 
ing a musical tone signal based on the modu- 
lation method; io 

arithmetic processing means (208, 209) for 
performing arithmetic processing; 

program execution means (101) for ex- 
ecuting the performance data processing pro- 
gram and the sound source processing pro- ts 
gram stored in said program storage means 
(201) while controlling said address control 
means (205), said data storage means (206), 
and said arithmetic processing means (208, 
209), said program execution means normally 20 
executing the performance data processing 
program to control musical tone generation 
data on said data storage means (206), execut- 
ing the sound source processing program at 
predetermined time intervals, executing the 25 
performance data processing program again 
upon completion of the sound source process- 
ing program, and generating a musical tone 
signal by the modulation method on the basis 
of the musical tone generation data on said 30 
data storage means upon execution of said 
sound source processing program; and 

musical tone signal output means (107, 
108) for holding the musical tone signal ob- 
tained when said program execution means 35 
(101) executes the sound source processing 
program, and outputting the held musical tone 
signal at predetermined output time intervals. 

7. An apparatus according to claim 6, character- 40 
ized in that said program execution means 
(101) includes interrupt control means (203) for 
generating an interrupt signal at the predeter- 
mined time intervals, and 

said program execution means (101) inter- 45 
rupts the performance data processing pro- 
gram at a generation timing of the interrupt 
signal from said interrupt control means (203) 
during execution of the performance data pro- 
cessing program, executes the sound source 50 
processing program, cancels the interruption 
upon completion of the sound source process- 
ing program, and restarts execution of the per- 
formance data processing program. 

55 

8. A musical tone waveform generation apparatus 
characterized by comprising: 

storage means (201) for storing a sound 



source processing program associated with a 
modulation method, having an operator pro- 
cessing program for executing operator pro- 
cessings, and an algorithm processing pro- 
gram for executing algorithm processing for 
determining an input/output relationship among 
operator processings; 

musical tone signal generation means 
(101) for generating a musical tone signal by 
executing the operator processing operations 
based on the operator processing program at a 
time, and executing the algorithm processing 
at a time based on the algorithm processing 
program independently of the operator pro- 
cessing program; and 

musical tone signal output means (107, 
108) for outputting the musical tone signal gen- 
erated by said musical tone signal generation 
means at predetermined output time intervals. 

9. An apparatus according to claim 8, character- 
ized in that said musical tone signal output 
means (107, 108) comprises: 

timing signal generating means (203) for 
generating a timing signal for each predeter- 
mined sampling period; 

first latch means (601) for latching a digital 
musical tone signal generated by said musical 
tone signal generation means (101) at an out- 
putting timing of the digital musical tone signal 
from said musical tone signal generation 
means (101); and 

second latch means (602) for outputting 
the digital musical tone signal by latching an 
output signal of said first latch means (601) 
when the timing signal Is generated from said 
timing signal generating means (203). 

10. An apparatus according to claim 8, character- 
ized In that the modulation method Is a method 
of receiving a mixed signal obtained by mixing 
a carrier signal and a modulation signal as an 
input and outputting a modulated musical tone 
signal as an output. 

11. An apparatus according to claim 10. character- 
ized in that a functional relationship between 
the input and the output is expressed by nei- 
ther of sine and cosine function relationships, 
and the carrier signal Is a signal for making the 
output to be a sine or cosine wave at a single 
frequency when the carrier signal is directly 
used as the input. 

12- An apparatus according to claim 10, character- 
ized In that a functional relationship between 
the input and the output Is expressed by a sine 
function, and the carrier signal. 



45 



EP 0 463 409 A2 



46 



13. A musical tone waveform generation apparatus 
characterized by comprising: 

program storage means (201 ) for storing a 
performance data processing program for pro- 
cessing performance data, and a sound source 5 
processing program based on a modulation 
method for obtaining a musical tone signal, the 
sound source processing program having a 
processing architecture in which algorithm pro- 
cessing operations for determining an io 
input/output relationship among a plurality of 
operator processing operations are executed at 
a time after or before execution of the plurality 
of operator processing operations at a time as 
modulation processing units; 75 

address control means (205) for controlling 
an address of said program storage means 
(201): 

data storage means (206) for storing musi- 
cal tone generation data necessary for generat- 20 
ing a musical tone signal based on the modu- 
lation method; 

arithmetic processing means (208, 209) for 
processing data; 

program execution means (101) for ex- 25 
ecuting the performance data processing pro- 
gram and the sound source processing pro- 
gram stored in said program storage means 
(201) while controlling said address control 
means (205), said data storage means (206), 30 
and said arithmetic processing means (208, 
209), for normally executing the performance 
data processing program to control musical 
tone generation data on said data storage 
means (206), for executing the sound source 35 
processing program at predetermined time in- 
tervals, for executing the performance data 
processing program again upon completion of 
the sound source processing program, and for 
generating a musical tone signal by the modu- 40 
lation method on the basis of the musical tone 
generation data on said data storage means 
(206) upon execution of said sound source 
processing program; and 

musical tone signal output means (107, 45 
108) for holding the musical tone signal ob- 
tained when said program execution means 
(101) executes the sound source processing 
program, and outputting the held musical tone 
signal at predetermined output time intervals. so 

14. An apparatus according to claim 13, character- 
ized in that said program execution means 
(101) includes interrupt control means (203) for 
generating an interrupt signal at the predeter- 55 
mined time intervals, and 

said program execution means (101) inter- 
rupts the performance data processing pro- 



gram at a generation timing of the interrupt 
signal from said interrupt control means (203) 
during execution of the performance data pro- 
cessing program, transits the control to the 
sound source processing program to execute 
the sound source processing program, cancels 
the interruption upon completion of the sound 
source processing program, and restarts ex- 
ecution of the performance data processing 
program. 

15. An apparatus according to claim 13, character- 
ized in that the sound source processing pro- 
gram based on the modulation method has a 
processing architecture in which algorithm pro- 
cessing for determining the input/output rela- 
tionship of the operator processing operations 
is selected from a plurality of algorithm pro- 
cessing operations, and is executed at a time 
after or before execution of at least one oper- 
ator processing as a modulation processing 
unit at a time. 
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